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An Appreciation of Professor Sabine 


THEODORE LYMAN, JZarvard University 
(Received January 3, 1936) 


T was in the autumn of 1896 that, as a student in his course in optics, I 
first came under the influence of Professor Sabine. During the progress of 
the course I learned to recognize Sabine’s extraordinary power of exposition 
and to appreciate that radiating personality, so hard to describe, which he 
possessed in the highest degree. 

It was entirely due to Sabine’s encouragement and it was under his direction 
that I undertook in the autumn of ’97 the investigation of the extreme ultra- 
violet. From that time on with but two short interruptions I was in constant 
contact with him, first as a student and later as a colleague. 

I state these facts in order that you may see that I have some right to bear 
testimony at this happy occasion. 

Professor Sabine combined virtues and talents very rarely found in a single 
individual. He was above all things the very personification of unselfishness. 
Gentle and retiring to a fault, he always avoided publicity and cared little for 
fame and nothing for rewards. Yet where the right was concerned he was as 
immovable as a high mountain. 

His students will bear witness that he was a great and inspiring teacher. 
I do not have to tell you of the things he accomplished in science: he was 
indeed a most distinguished investigator. 

In this hall, the scene of his early studies in reverberation, we meet to 
commemorate the life works of a great and good man. 
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The Beginnings of Architectural Acoustics* 


Pauw E. SABIne, Riverbank Laboratories, Geneva, Illinois 
(Received January 3, 1936) 


N the concluding chapter of his delightful 

Anecdotal History of the Science of Sound, 
Professor Miller says, “‘More progress has been 
made in the realm of sound in the first third of the 
20th Century than in all of the preceding cen- 
turies.’’ This room may well be called the birth- 
place of one important branch of the new science 
of acoustics for it was here that forty years ago 
Wallace Clement Sabine, a young man of twenty- 
eight, began that series of researches upon the 
behavior of sound in rooms that was ultimately 
to take auditorium acoustics out of the realm of 
guess work and chance and to establish it as a 
reputable branch of engineering science. 

We of the Acoustical Society of America 
gladly welcome this opportunity of acknowledg- 
ing the debt we owe through him to Harvard 
University. It was Harvard that gave him the 
problem, and that aided him through the years 
necessary for its solution, and it was to Harvard 
that he always gave his first allegiance. His work 
has proven itself the sure foundation upon which 
succeeding work in this branch of acoustics has 
been built. New tools, refined methods and ex- 
panding knowledge of the phenomenon of sound 
have come, but these have only supplemented, 
not supplanted the work which he did. Once 
more quoting Professor Miller, “Sabine may 
have found a few rough loose pieces of material 
here and there, but for the most part he had to 
blast his building blocks out of the solid earth.” 
The structure which he reared, still stands. 

Sabine’s problem forty years ago was a prac- 
tical one. This building had just been completed 
and this room was intended to be used to ac- 
commodate large lecture courses and for lectures 
open to the public. Its plan is one which from the 
tradition of the Greek amphitheater might be 
expected to be acoustically satisfactory. More- 
over, in plan it is not markedly different from 
Sanders Theater, a much larger room which 


* Read at the session of the Acoustical Society of America 
commemorating the work of Wallace C. Sabine, in Fogg 
Art Museum, Harvard University, December 6, 1935. 
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both for music and speaking is acoustically quite 
acceptable, so that, the designers had no reason to 
expect prior to the event the acoustical calamity 
which was to reward their efforts. The lecture 
room of the Fogg Art Museum should in the light 
of all available knowledge of the subject, have 
been acoustically excellent. As a matter of grim 
fact it was extremely bad. 

What to do? The college authorities did what I 
suspect college authorities are prone to do in all 
such cases, referred the problem to the Physics 
Department—and the Physics Department in 
turn placed the wailing infant on the doorstep of 
the youngest professor in the department. 

It was quite characteristic of the peculiar 
temper of Sabine’s mind that a job, which for the 
vast majority of young scientists would have 
been a disagreeable chore, appealed to him as an 
opportunity worthy of his best. There was never, 
I suppose, a more thoroughly scientific mind 
than his, in point of the eagerness with which he 
pursued the truth. But that eagerness was excited 
only by a problem whose solution was of more 
than purely academic interest. Knowledge which 
could be translated into terms of practical utility 
and human betterment was what he sought. 

This rare combination of the completely 
scientific and the intensely practical in Sabine’s 
mental equipment characterized all of his scien- 
tific work. Each new problem he attacked was 
suggested by a practical need for scientifically 
established facts. Accordingly, it is not a matter 
for wonder that he should welcome with en- 
thusiasm the foundling that practical need placed 
upon his scientific doorstep. 

Perhaps there is no better way to an apprecia- 
tion of the magnitude of the job which Sabine 
had ahead of him than by a survey of the field of 
acoustics in 1895. In undertaking any problem, 
the first thing that the research student does is to 
go through the literature of the subject to see 
what has already been done and what methods of 
measurement are available. In Sabine’s case, this 
first part of the program was easy. Aside from 
one or two small treatises dealing with the prob- 
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lem purely from the observational and qualita- 
tive side and an occasional reference to the 
acoustic properties of rooms in the general texts 
on acoustics, there were no sign-posts to point 
out the direction which the proposed research 
should follow. In all of Sabine’s published papers, 
there is not a single reference to previous work. 
The reason is that there was none. In Professor 
Watson’s exhaustive bibliography of the Acous- 
tics of Buildings containing some 600 titles, there 
are just nine that antedate the year that Sabine 
began his work. Here and there one finds sug- 
gestions of the part played by reverberation and 
the absorption of sound as possible factors in the 
acoustic properties of rooms, but almost uni- 
formly prior work deals with the problem from 
the geometrical point of view. In the second edi- 
tion of the Theory of Sound, published in 1896, 
Rayleigh discusses theoretically the absorption of 
sound by porous walls, suggests that ‘‘a loosely 
compacted haystack would seem to be as effec- 
tive an absorbent of sound as anything likely to 
be met with,” refers to the well-known mitigating 
influence of thick carpets in reducing the “‘pro- 
longed resonance”’ in large rooms with nonporous 
boundaries and suggests applying similar ma- 
terials to walls and ceiling as a means for further 
improvement. Nothing more definite than this 
was to be found anywhere in the literature. Truly 
the young investigator was not cramped in his 
chosen field by the prior work of others. 

To offset the attractiveness of such a field, 
however, was the fact that there were no means 
available either for the quantitative production 
of sound or for the measurement of sound inten- 
sity. As sound sources, only tuning forks and 
organ pipes were available. These do not lend 
themselves readily to variation in pitch or 
acoustical power. Practically nothing was known 
as to the characteristics of the human ear. Wien’s 
measurements of the threshold intensity were not 
made until 1903. The Weber-Fechner law was 
accepted on faith but without assurance. The 
commonplace equipment of every acoustical 
laboratory today, linear response microphones, 
vacuum tube amplifier and oscillators, sensitive 
alternating current meters, and telephonic loud 
speakers were as yet undreamed of. Even the 
decibel, without which no acoustical investigator 
today can keep house still lacked some thirty 


years of being born. If, using Professor Miller’s 
figure Sabine ‘“‘had to blast his building blocks 
out of the ground,”’ we may add that he had to do 
his blasting before the invention of dynamite. 
Summed up, the practical problem which 
President Eliot assigned his youthful friend may 
be stated as follows: ‘‘Why is the lecture room of 
the Fogg Art Museum acoustically poor, and 
what can be done about it?’ Sabine translated 
this into the broader scientific problem. ‘‘What is/ 
the behavior of vibrational energy in a three-| 
dimensional medium bounded by imperfectly} 
reflecting walls and what light does the answer to 
this question throw on the age old problem of the} 
acoustic properties of rooms?” 
To attack this problem experimentally there 
was at hand nothing but the organ pipe as a 
source of sound and the ear as a detector. Com- 
parison of the conditions in Sanders Theater with 
its large area of wood, cushioned seats and 
carpeted aisles with those in the new lecture 
room in which these factors were all lacking 
suggested that the persistence of the residual 
sound after the source had ceased, the now 
familiar phenomenon of reverberation, was the 
most likely point of attack. But how was one to 
go about studying in a quantitative way the 
phenomenon of reverberation and the conditions 
which control it, without some means of varying 
one at a time the numerous factors involved. 
The apparatus employed was simple in the 
extreme. On the source side it consisted of a 
single organ pipe pitch 512 vibrations, mounted 
on a double walled pressure tank with water seal 
to supply air at constant pressure and a chrono- 
graph on which was recorded the times of 
stopping the sound and the observer’s signal of 
the cessation of audibility. Preliminary to the 
use of this equipment, it was necessary to know 
something of the reproducibility of measure- 
ments using the threshold of hearing as the end- 
point of the persistence of the reverberant sound. 
Three points were submitted to careful experi- 
mental scrutiny, (1) the agreement of results 
obtained in a single set of observations under 
constant conditions, (2) the agreement of the 
averages of sets obtained by the same observer at 
different times at intervals ranging from a few 
days to years, and (3) the agreement between 
independent sets of observations made by differ- 
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ent observers. These preliminary studies requir- 
ing several thousand observations and extending 
over a period of two months, resulted in the 
general conclusion that for the purposes of 
quantitative study of reverberation, the thresh- 
old of hearing of a single observer over a con- 
siderable period of time represents a fairly 
constant sound intensity, and that the variations 
between individual observers with normal hear- 
ing are measurable but consistent. 

This latter fact, while it held out hopes for a 
solution of the problem in hand that would have 
universal significance, yet indicated that that 
solution would be most quickly reached if the 
acuity of the observer’s hearing were eliminated 
as a variable. The result was that practically all 
the data upon which Sabine built up his theory of 
reverberation and evaluated his constant were 
obtained from his own personal observations. It 
does not require any great strain on the imagina- 
tion to picture the vast amount of labor involved, 
all of it in the “‘wee small hours” of the night, nor 
to see why Sabine’s experimental procedure has 
not been widely followed. 

Three facts, simple when proved but by no 
means self evident next called for investigation, 
namely—the effect on the reverberation time of 
the position of the source in the room, of the 
position of the observer, and the effect on the 
absorbing efficiency of an absorbent of varying 
its position in the room. The net result of an 
extended series of observations led to the con- 
clusion that the reverberation time is inde- 
pendent of the position of the source and of the 
observer and that ‘under ordinary circum- 
stances”’ the efficiency of an absorbent is inde- 
pendent of its position. We note the quali- 
fying phrase “under ordinary circumstances.” 
Throughout all his work Sabine recognized with 
uncanny insight the limitations of his experi- 
mental findings, and is at pains to qualify his 
conclusions with these limitations in mind. Much 
later, the question of the effect of the position of 
an absorbent with reference to the standing wave 
pattern in a small room claimed his attention. 

At this point, appears the essential novelty of 
Sabine’s point of view regarding the acoustics of 
rooms. He says: ‘‘These facts indicated that, at 
least for auditoriums of not too great dimensions, 
another point of view would be more suggestive— 
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that of regarding the whole as an energy problem 
in which the source is at the organ pipe, and the 
decay at the walls and at the contained absorbing 
material—that the dispersion of sound between 
all parts of a hall is very rapid in comparison with 
the time required for its complete absorption, 
and that in a very short time after the source has 
ceased the intensity of the residual sound, except 
for the phenomenon of interference is very nearly 
the same everywhere in the room.” 

The problem was not a laboratory problem. 
One could only find out the facts about the 
acoustics of rooms, by observations made in 
rooms. The notes of those first five years contain 
data taken in some forty different rooms, ranging 
in size from small vestibules to large auditoriums 
and in location from Bangor to Minneapolis. The 
new point of view was only a point of departure. 
The goal was to be an experimentally verified 
quantitative theory that would make it possible 
to anticipate and plan with confidence before 
construction, the acoustic properties of a pro- 
posed auditorium. 

We shall join him at only one or two stations 
on this long and difficult road. The first is at the 
establishment of the inverse relationship be- 
tween reverberation time and total absorbing 
power. Two measurable variables are needed. His 
apparatus provides only two fixed quantities— 
the acoustic output of the source and the mini- 
mum audible intensity. Measurements of re- 
verberation times in different rooms is of no use. 
Going from one room to another changes too 
many variables and no conclusions can be drawn. 
It is necessary to change only one variable at a 
time and to note the change in the only thing 
that can be measured, the reverberation time. 
Sanders Theater and the lecture room of the 
Fogg Art Museum together furnish him with 
materials. The latter has reverberation, plenty of 
it, some 5.6 seconds. The former has the means 
for varying it—seat cushions, plenty of them. All 
that is necessary is to bring the Sanders Theater 
cushions into the Fogg Art Museum, and to 
measure reverberation time as a function of the 
number of meters of cushions present. In this 
room today, it is not difficult to reconstruct the 
scene repeated night after night through the 
spring and into the summer of 1896. The vesti- 
bule there is piled high with the seat cushions. 
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The pressure tank with its one lone organ pipe 
stands very close to where I am standing now— 
the chronograph on a table close by. The room is 
empty. The sought-for silence of the early moérn- 
ing hours has come. The inner tank is raised, 
storing up the energy necessary to produce those 
short blasts that will fill the room with sound. 
The young experimenter presses an electric 
contact. The pipe speaks. Another contact is 
made. The pipe is silent, a record is made on the 
chronograph, but the sound persists. The ob- 
server listens, as it dies away. It is gone and 
another contact records the moment of its passing 
the threshold of hearing. Again and again this 
same procedure, ten, fifteen, twenty times.—The 
air supply in the pressure tank is low and it must 
be raised.—A street car rattles along Cambridge 
Street and a tedious wait until its noise is lost in 
the distance. Now the seat cushions are brought 
in—a very few are spread along the front seats. 
Previous experiments have shown that it makes 
little difference where they are placed. Again the 
same routine with the wearisome interruptions. 
Then a few more cushions and again the timing 
of the reverberation. Time after time the same 
round is followed until finally all the seats are 
covered, more than a thousand square feet of seat 
cushions. The initial reverberation of 5.61 
seconds has been reduced step by step to 2.22 
seconds—and the first quantitative experiment 
in architectural acoustics is finished. 

But what do the results mean? The hundreds of 
chronograph records have been reduced to 
seconds and averaged. The reverberation times 
have been plotted against the length of the seat 
cushions. The points fall nicely upon a smooth 
curve. But what is the analytic expression for 
that curve? One can deduce an empirical formula 
but what significance is to be attached to the 
constants of such a formula. Two years pass, and 
the experiment first performed in this room has 
been repeated in dozens of other rooms ranging in 
size from 2300 to 330,000 cubic feet, and always 
with resulting curves of the same shape as that 
found in this room. Thousands of observations 
have been made. The results are definite and 
convincing but their meaning is not clear. Finally 
the meaning comes, and his first announcement is 
made to the one most interested in his work, his 
mother. Years afterward, I heard her tell the 
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story—‘‘Why, Mother, the curves are equilateral 
hyperbolas, displaced from the axis, and the dis- 
placement is the length of seat cushions that is 
equal in absorbing power to the absorption of the 
room before any cushions are brought in. The 
equation is the simplest in the world, xy=k a 
constant. x is the total absorbing power of the 
room and cushions, and y is the time.” 

The establishment of the hyperbolic law was a 
long step on the road to a solution of the general 
problem of reverberation. Further progress how- 
ever, demanded that some physical meaning be 
given to the constant k which the seat cushion 
experiments in different rooms showed was a 
function of the particular room in which the 
experiment was performed, larger in value for 
larger rooms. Moreover, its numerical value for 
any given room must depend upon the number 
chosen to express the absorbing power of a meter 
of Sanders Theater cushions—obviously not a 
very convenient unit of absorption. We can 
follow in the Collected Papers the experimental 
procedure by which Sabine established the linear 
relation between the value of k and the volume of 
the room. Fragmentary notes of the period 
suggest the vast amount of labor involved. For 
example, the experiments in Sanders Theater 
necessitated the handling of 2300 square feet of 
cushions. 

The introduction of the open window unit of 
absorption was a stroke of genius, accompanied it 
must be confessed by an extraordinary piece of 
good luck. Fortunately the notes of this period 
are fairly complete and it is extremely interesting 
to follow the course of the experiments. It has to 
be said in passing that Professor Sabine’s note 
book is not a model of neatness and order. 
Those virtues were in his own mental processes. 
We find page after page of chronograph readings, 
with little recorded to indicate to anyone but the 
writer of those notes what the experimental con- 
ditions were. Frequently, the sequence in a set of 
experiments is broken by the interjection of un- 
related experiments, indicating that the oppor- 
tunity to experiment in special rooms was seized 
when chance offered. We find a succession of 
pages of readings with no apparent meaning, and 
then a blank page with a single division done in 
longhand (Sabine apparently never used a slide 
rule) followed by the notation ‘‘absorbing power 
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per square meter of cushion in terms of open 
window 0.82.’ The picture presented is that of an 
extremely busy man with little time and no 
necessity for recording in detail the course of his 
experiments. 

The procedure in transferring seat cushion 
results to open window results was simple and 
direct. Selecting rooms in which k; was known in 
seat cushion units and which had considerable 
window area, the reverberation times with 
windows open and windows closed were carefully 
measured, giving a value of the reverberation 
constant expressed in terms of open window. 

Assuming that the open window behaves as a 
perfect absorbent with a coefficient of unity the 
coefficient of the seat cushion is the inverse ratio 
of k; the constant deduced from the cushion 
experiments to ke, that with the open windows. 
Now the results of all the experiments in different 
rooms in which the value of &; has been found to 
be directly proportional to the volume can be put 
into a single formula at=KV, in which a is the 
total absorbing power in square meters of ideal 
open window units. K has the approximate value 
of 0.171. 

I have said that the introduction of the open 
window unit was accompanied by a piece of good 
luck. I refer to the assumption made that the 
sound energy transmitted by an opening is 
directly proportional to the cross-sectional area 
and is exactly equal to the energy that would fall 
upon a solid surface filling that opening. Due to 
the phenomenon of diffraction this assumption as 
a general proposition is not true—the transmis- 
sion per unit area through a small opening is 
greater than through a large one. That Professor 
Sabine recognized this fact is shown by one 
of his characteristic qualifying phrases. He says, 
“These results show that, at least, for moderate 
breadths the absorbing power of open windows is 
accurately proportional to the area.’’ His notes 
show that in the various open window experi- 
ments the sizes of the individual openings ap- 
proximated the dimension which subsequent 
investigations have shown to have a trans- 
missivity very close to unity. Smaller openings 
would have given a larger value for the constant 
K, larger ones a smaller value. 

The approximate solution given by the equa- 
tion at=0.171 V marks the point which the re- 


PAUL E. 


SABINE 


searches had attained at the close 1898. In 
October of that year he writes to President Eliot 
—“Last night the confusion of observations and 
results in which I was floundering resolved them- 
selves in the clearest manner.—Now it is only 
necessary to collect further data in order to 
predict the character of any room that may be 
planned at least as respects reverberation.” 

The achievement of this simple empirical 
formula might have been enough for most in- 
vestigators. For Sabine it furnished only the 
ground work on which a complete theoretical 
solution could be built. Three objectives were 
still to be attained. First, to assign a physical 
meaning to the empirical constant K, and to 
evaluate it accurately, second to determine the 
nature of the decay curve, and third to evaluate 
the acoustic output of the source of sound in 
terms of the threshold of audibility of the ob- 
server. The solution of each of these was de- 
pendent upon the other two, and all three called 
for a source of sound whose intensity could be 
varied in known ratios. An electric oscillator, an 
amplifier, a loudspeaker and an attenuator would 
have been very convenient tools at this stage of 
the research. But the pioneer must travel on foot 
and blaze the trail over which his successors may 
travel in automobiles. Four organ pipes gave him 
his variable source, variable, but over a range of 
only six decibels. With these and open windows 
and his own ingenuity, during the next two 
years, he established the fact that the decay of 
reverberant sound is logarithmic, gave a physical 
meaning to his constant and an experimentally 
determined value that differed by less than two 
percent from the later derived theoretical value, 
developed a mathematical theory which took 
account of all the factors that affect reverberation 
time, and devised a technique for the measure- 
ment of absorption coefficients of materials. 
More than this he accumulated data from which 
he planned with complete assurance and with 
perfect success the acoustics of the new Sym- 
phony Hall in Boston, and finally in 1900 gave it 
all to the world in a series of papers which may 
well serve as a model of concise lucid presentation 
of scientific truth. 

Were we to follow Professor Sabine beyond 
this point of his scientific career we should find 
him more and more pressed with the duties of 
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teacher, administrator and consultant—but with 
a secret magic of his own crowding into already 
overcrowded days and nights, time to extend his 
work, originally confined to a single frequency; to 
the whole range of musical tones, and to cover in 
the ten papers that subsequently appeared most 
of the problems in the field of architectural 
acoustics. Repeatedly in these papers we find 
reference to papers about to be published, but 
which did not appear. One has only to read the 
admirably written story of his life by William 
Dana Orcutt to find a ready explanation. The 
leisure moments necessary for the task of pre- 
paring material for publication simply did not 
come. Having built a better mouse trap than 
anyone else, the whole world was not only beat- 
ing a pathway to his door—it knocked incessantly 
thereon. 

Two problems upon which Sabine made barely 
more than a beginning were those of interference 
in rooms with concave boundaries, and the trans- 
mission of sound by building structures. 

Opportunity for an experimental study of the 
first was, interestingly enough, afforded by the 
constant temperature room at the Jefferson 
Physical Laboratory in which all of his later 
measurements of sound absorption coefficients 
were made. Quite anomalous results in which ap- 
parent absorptivities much greater than unity 
were obtained led him to make a careful acous- 
tical survey of the room. In this he used for the 
first time a telephone receiver with an Einthoven 
galvanometer for recording the relative inten- 
sities throughout the room. The extremely large 
variation from point to point in the intensity of 
sound explains the marked difference in apparent 
absorptivity produced by varying the position of 
the absorbent with reference to the stationary 
wave pattern, and led to the use of rotating vanes 
to produce a shift of the pattern during the decay. 
This device is now used almost universally in 
reverberation chambers for sound absorption 
measurements. 

The last problem to claim Sabine’s attention 
was that of the transmission of sound by walls 
and building structures generally. Here again 
practical necessity furnished the incentive for 
research. Architects were confronted with prob- 
lems of sound insulation and turned to him for 
advice. Facts were needed and with characteristic 


energy he undertook to get the facts. Only one 
paper appeared giving an admirable analysis of 
the problem and giving the results of measure- 
ments at a single frequency of the transmission 
by felt and by combinations of felt and steel. The 
final sentence bespeaks most eloquently the 
whole scientific temper of the man. He says, “At 
this point the apparatus was improved, the 
method was recast and the investigation was 
begun anew—thenceforward to deal only with 
standard forms of construction and for sounds, 
not of one pitch only, but for the whole range of 
the musical scale.” 

This was in 1915. The following year found him 
in France ostensibly to lecture at the Sorbonne, 
but as a matter of fact giving without stint of his 
time and energy to the service of the Allied 
Powers, first in War Relief and later in active par- 
ticipation in military aviation and sound ranging. 
Upon America’s entry into the war, he returned 
to this country, offered his services to his own 
government and was made Director of Technical 
Information in the Bureau of Aircraft Produc- 
tion. One must not here, go into those four 
crowded years of tremendous toil and great re- 
sponsibility in which he poured out his life for his 
country. Patriotism, devotion, heroic self-sacri- 
fice, are words that express but feebly the fullness 
with which he gave himself and all his wonderful 
powers to that service. 

On November 30th, 1918, Professor Sabine 
tendered his resignation of his post in the War 
Department. Mortally ill he returned to Cam- 
bridge, and there we find him taking up anew the 
problem which had been left in 1915. The new 
laboratory at Geneva was completed. This had 
come from his meeting first in 1913 with Colonel 
George Fabyan and the warm friendship into 
which their acquaintance had ripened. There, in 
the country, free from disturbing noises of the 
city and the difficulties that beset his researches 
in buildings that house other activities, in a labo- 
ratory of his own planning, were to be conducted 
the further researches on sound transmission. 

But first, new sound sources must be cali- 
brated. This must be done in a room in which the 
rate of decay had been determined by the four- 
organ experiment. From his notes, we know that 
on the night of December 11th, just one month 
after the signing of the Armistice he was in the 
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large lecture room of Jefferson Laboratory 
measuring the times of reverberation from the 
new set of organ pipes that were to be used in the 
new laboratory. These measurements would 
serve to link the work that was to come to that 
which had gone before. The notes record that 
again on the 14th and for the last time on the 16th 
he was at work with only his faithful friend, John 
Connors, to bear him company. These last three 
nights bear eloquent testimony to the almost 
super-human degree to which the demands of 
Professor Sabine’s mind dominated the ills of his 
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body. On January 5, he entered the Peter Bent 
Brigham Hospital, where two days later was 
performed the operation, which, had it come 
earlier, might have saved his life. 

I have tried to give you a picture of how and 
with what heroic labor, the foundations of archi- 
tectural acoustics were laid single-handed by a 
great scientist. If perchance, I have, in this, 
assumed too much the attitude of hero-worship, 
I can only plead that Wallace Sabine was one of 
those rare natures who inspired that attitude in 
all who knew him. 


APRIL, 1936 Bi 


S. A. 


VOLUME 7 


The Absorption of High Frequency Sound in Oxygen Containing Small Amounts 
of Water Vapor or Ammonia 


VERN O. KNUDSEN AND LEONARD OBERT, University of California at Los Angeles 
(Received January 31, 1936) 


ECENT work!:?}? on the absorption of 

sound in oxygen containing small amounts 
of water vapor or other gases (as He, NH3, H2S, 
H.Co, etc.) indicates (1) that the absorption in 
the audiofrequency range is determined by the 
vibrational heat capacity of O.; (2) that the 
absorption is a maximum at a certain frequency, 
depending upon the amount and kind of gaseous 
impurity added to the oxygen; and (3) that this 
frequency, which is proportional to the rate of 
transfer between translational and vibrational 
modes, increases almost linearly with the concen- 
tration of most impurities, but that in the single 
instance of water vapor (of the gases studied to 
date) the frequency at which the absorption 
is a Maximum is a quadratic function of the con- 
centration. The previous absorption measure- 
ments made in this laboratory on oxygen and air 
are in good accord with the theory as developed 
by Kneser.? In the present work measurements 
have been limited to oxygen containing small 
amounts of either HsO or NH; but have been 
extended to frequencies as high as 34,000 cycles. 
These new measurements, employing a different 
technique, confirm and extend the findings of the 
earlier work, and thus give further support to the 
above theory.* 


DESCRIPTION OF THE APPARATUS 


The previous experiments in this laboratory on 
the absorption of sound in gases were performed 
by measuring the rate of decay of sound in two 





1'V.O. Knudsen, ‘‘Absorption of Sound in Air, in Oxygen, 
and in Nitrogen—Effects of Humidity and Temperature,” 
J. Acous. Soc. Am. 5, 112 (1933); ‘‘Absorption of Sound in 
Gases,”’ J. Acous. Soc. Am. 6, 199-205 (1935). 

*H. O. Kneser, ‘Interpretation of the Anomalous 
Sound-Absorption in Air and Oxygen in Terms of Molecular 
Collisions,’’ J. Acous. Soc. Am. 5, 122 (1933). 

3 Kneser and Knudsen, ‘‘Die Einstelldauer der Schwing- 
ungsenergie in Sauerstoff und ihre Beeinflussung durch 
Fremdgase,”’ Ann. d. Physik [5] 21, 682-696 (1935). 

‘The recent experiments of Railston, Richardson and 
Penman on the dispersion and absorption of ultrasonic 
vibrations in COs, NOs, and SO» (Proc. Phys. Soc. 47, 
533-548 (1935)) do not accord satisfactorily with this 
theory. 


cubical steel chambers, one two feet on an edge, 
and the other six feet on an edge. Although this 
method is satisfactory for frequencies below 
10,000 cycles, at higher frequencies it is not 
suitable because (1) the rate of decay of the 
sound is very rapid, and (2) no sources of sound 
were available which could be stopped suddenly 
without producing extraneous noise. Accordingly, 
we have developed an ‘intensity’? method for 
measurements above 10,000 cycles.° This method 
seems to be satisfactory, although less accurate 
than the decay method, for frequencies up to at 
least 34,000 cycles. 

A schematic diagram of the apparatus is shown 
in Fig. 1. The source of sound is a Pierce magneto- 
striction oscillator, which radiates sound energy 
directly into the two-foot cubical steel chamber. 
The sound in the chamber is made diffuse by the 
rapid rotation of a paddle which effectively pre- 
vents resonant vibration in all three directions. 
The detector is a crystal microphone, associated 
with a four-stage resistance-coupled amplifier 
containing an attenuator between the second and 
third stage, and a vacuum tube voltmeter with 
long period galvanometer in the output of the 
fourth stage. 

The magnetostriction oscillator has a power 
stage of two WE205—D tubes which provide an 
electrical output of about five watts of undis- 
torted energy. The oscillator is completely oper- 
ated by batteries, the potentials of which are kept 
constant to an accuracy of one part in two 
hundred. The oscillator and amplifier are allowed 
to operate for at least 30 minutes before any 
experimental measurements are taken. With 
these precautions, the energy output of the. 
oscillator does not vary by more than one per- 
cent. The magnetostriction rods are 5/8-inch 
nickel tubing, with brass plugs at both ends to 
provide better acoustical coupling to the air. 
This arrangement supplies an adequate amount 
of acoustical energy to give full scale deflections 


5 This method was used in some preliminary experiments 
described in reference 3. 
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Magnetostricticn Rod 
and Oscillator Coils 


Microphone 
Oscillator 


feverberation 
Chomber 


Fic. 1. Arrangement of apparatus for measuring absorption 
of sound in a gas by the intensity method. 


of the voltmeter for all frequencies up to 34,000 
cycles. 

The microphone was made from a piece of 
quartz crystal cut on the Y axis. Dimensions of 
the crystal are 3.0 cm (along the axis), 0.87 cm 
wide, and 0.12 cm thick. One end of the crystal 
is mounted rigidly, and the other end has a thin 
aluminum diaphragm, 1.3 cm in diameter, 
cemented to it. To the faces of the crystal are 
cemented pieces of duralumin foil, which serve as 
electrodes for the crystal. It is across these 
electrodes that the alternating potential is de- 
veloped when sound waves impinge upon the 
diaphragm end of the crystal. The diaphragm is 
surrounded by a circular baffle, so that the de- 
vice is essentially a pressure type of microphone.® 

It was found necessary to mount both the 
oscillator and the microphone on flexible supports 
in order to prevent direct mechanical coupling 
between the source and the detector. Rubber and 
felt mountings completely eliminated all solid- 
borne sound from reaching the microphone. 


EXPERIMENTAL PROCEDURE 


The ‘‘intensity’’ method provides a convenient 
method for measuring the absorption of sound in 
gas mixtures where one of the components of 
the mixture has either negligible or a known 
absorption. 

The absorption coefficient is determined in the 
following manner. Let E be the rate at which 
acoustical energy is supplied to the chamber, and 
I the average intensity of sound in the chamber. 
Then, by assuming the sound to be in a diffuse 
state, which is approximately realized at fre- 
quencies above 5000 cycles if the absorption in 
the gas be not too great, 


6 The authors are indebted to Mr. Frank Rieber of the 
Rieber Laboratories, Los Angeles, who contributed both 
the crystal and helpful suggestions regarding the design of 
the microphone. 
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I=E/(aS+4mV) (1) 


where a=the coefficient of surface absorption, 
S=the interior surface area of the chamber, 
m= the coefficient of absorption per unit length 
of the gas in the chamber, and V =the volume of 
the chamber. 

When the Og has no added impurity, it is 
assumed that the coefficient of absorption of the 
Oz is 1.5 times the value given by the classical 
theory. The absorption coefficient mp is usually 
given in terms of a constant A, where A =m 
=0.00032 for the classical absorption of Os» at 
room temperature, and X is the wave-length of 
the sound. We have chosen A =0.00048, which 
accords best with our earlier laboratory measure- 
ments at audiofrequencies by the decay method, 
and also with the experimental results of other 
investigators which show that A is one to two 
times as large as the classical value at supersonic 
frequencies. While this value of A, or mpo, is thus 
subject to a large error (probably of the order of 
fifty percent) its effect upon the calculated 
absorption coefficient for the gas mixtures with 
which the authors worked is much smaller than 
this, since most of the absorption when the 
chamber is filled with pure Oz is supplied by the 
boundaries of the chamber, and the surface 
absorption of the boundaries is known with con- 
siderable accuracy. The surface absorptivity a 
has been determined previously for this chamber 
at frequencies between 1000 and 10,000 cycles, 
and is found to increase only slightly with the 
frequency.! Thus, at a frequency of 1000 cycles 
a=0.017, at 3000 cycles a=0.018, and at 10,000 
cycles a=0.019. It is reasonably certain therefore 
that between frequencies of 10,000 cycles and 
34,000 cycles, a does not deviate more than 10 
percent from 0.020.7 Accordingly, we have used 
the value of 0.020 for a for all frequencies above 
15,000 cycles. 

When the chamber is filled with a pure gas 
(as Oz) the intensity Jp will be given by 

Ihn=E/(aS+4mV). (2) 

Then, from (1) and (2) 

T/In=(aS+4mV)/(aS+4mV). 

7 Roger W. Curtis, Phys. Rev. 46, 811-816 (1934), has 

observed an increase in the absorption coefficient of brass 


of high ultrasonic frequencies, but no appreciable increase 
or frequencies below 100 kc/sec. 
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The deflection, as read on the meter in the 
output of the amplifier, is proportional to the 
r.m.s. excess pressure actuating the microphone, 
and therefore the square of the deflection read- 
ings will be proportional to the intensity. Hence 


I/Ip=(d/do)?=(aS+4mV)/(aS+4mV) (3) 


where d is the deflection for a certain mixture of 
gas, and dy is the corresponding deflection for 
pure Oc. 

By solving (3) for m, 


(d /d)*{4 Mo J 74 aS | —_ as 
m= = Sane AV aera, (4) 


As already mentioned, the term 4)V is much 
smaller than aS for frequencies below 34,000 
cycles, so that the assumption we have made 
regarding the value of mo cannot introduce an 
error into our experimental results of more than 
+10 percent. Further, the relative values of m at 
different concentrations of such impurities as 
water vapor or ammonia gas are not subject to 
such errors, and these relative values are satis- 
factory for the conclusions reached in this study. 
The largest source of error results from our 
inability to provide completely diffuse sound. 
This error was minimized as much as seemed 
practicable by the rapid rotation of a large, 
multibladed paddle, but may be as large as 25 
percent. It could be further reduced by using 
several microphones or by shifting the one 
microphone to several positions for each de- 
termination of sound intensity. 

The purity of the O2 in the reverberation 
chamber is another possible source of error, since 
commercial oxygen was used for these experi- 
ments, and the chamber was filled with oxygen 
by a fractionating process; that is, starting with 
the chamber filled with air, oxygen was circu- 
lated through a drying system and the chamber 
until the mixture in the chamber was 98 percent 
oxygen. 

The remaining impurity is largely nitrogen, 
and our previous experiments show that nitrogen 
in combination with oxygen does not give rise to 
an anomalous absorption in this range of fre- 
quencies. Further, since we obtained essentially 
the same deflection for different specimens of 
dry Os, dry Ne, or dry air, it does not seem likely 
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that our measurements are subject to serious 
errors as a result of such impurities. 


EXPERIMENTAL FINDINGS 


In Fig. 2 are shown the data obtained with 
mixtures of O2 and H.O at a frequency of 34,000 
cycles, the highest frequency at which measure- 
ments were made. The ratio d/do, which is a 
relative measure of the sound pressure in the 
chamber, is plotted as a function of the concen- 
tration of water vapor, the latter being de- 
termined by means of wet and dry bulb ther- 
mometers which are inserted in a rapidly moving 
stream of the gas mixture as it issues from the 
chamber. 

From such curves as that shown in Fig. 2, and 
by means of Eq. (4), the values of m for O2+H.O 
can be calculated for the frequencies and concen- 
trations used in the experiment. Fig. 3 is a curve 
showing these values of m for different concen- 
trations of H.O at the frequency of 34,000 cycles, 
and at a temperature of 24°C. It will be seen 
that the effect of water vapor, as in the case of 
similar determinations at audiofrequencies, is to 
produce, first, a large increase in the absorption, 
followed by a decrease, although at this fre- 
quency the maximal absorption occurs at a con- 
centration which is near saturation, and conse- 
quently the absorption at higher concentrations 
could not be investigated. Data similar to those 
given in Figs. 2 and 3 have been obtained at 
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Fic. 2. Curve showing the relative deflection of the 
thermionic voltmeter in the detector circuit as a function of 
the percent of H,O molecules in oxygen, at 34,000 cycles. 
The dots were obtained for an increasing concentration of 
H,0, and the triangles were obtained for a decreasing 
concentration. 
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Fic. 3. Curve showing the value of the absorption co- 
efficient m in oxygen containing small amounts of H.0O, at 
34,000 cycles. 


seven other frequencies between 7500 and 34,000 
cycles. 

By using the data obtained in this investigation 
on the absorption in O2+H,0O, together with the 
data obtained earlier,!: * it is possible to obtain a 
more extensive and reliable curve between the 
concentration of the water vapor and the fre- 
quency at which the absorption is a maximum. 
The data we have obtained to date which bear on 
this relationship are given in Fig. 4, and the curve 
fitted to these data is given by® ki =3.1X10°h 
+3.8X10%h? where ki}=wn=27 times the fre- 
quency for the maximal absorption, um, and h is 
the concentration of water vapor. 

By reference to Kneser’s Eqs. (10) and (11), 
which are here reproduced? 


R Cikiww 











p=2r (10) 
C..(R+C,,) (ki? +?) 
pw is a maximum when k,=a, therefore 
aRC; 
- = (11) 
C.(R+C,) 


u=absorption coefficient per wave-length =m, 
R=gas constant, C,,=molecular heat at constant 
volume for infinite frequency=5R/2, Ci=in- 
ternal heat capacity = 4420 calories per mole for 
Oz, and ki=number of transitions per second per 
molecule from excited to normal state of Os. 

It is seen that since the absorption is a 

§ The constants in this empirical equation differ slightly 
from those obtained from the earlier measurements which 
extended over a smaller frequency range. See J. Acous. Soc. 


Am. 6, 199-205 (1935). The present values are probably 
the better. 
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maximum when w=, the curve for O2+H,0 in 
Fig. 4 shows how the reaction constant (the 
number of transitions from excited to normal 
state per second per molecule) depends upon the 
concentration of water vapor. Although there js 
an appreciable first-degree term in /, the second- 
degree term is predominant. This gives further 
support to our earlier assumption? * that a 
collision of O2 with two molecules of H2O is much 
more effective in producing a transition than is a 
collision of an oxygen molecule with a single 
molecule of H.O. 

From Eq. (11) the maximal value of the 
absorption per wave-length, un, at 20°C, is 
10410. In general, the experimental values of 
Mm agreed reasonably well with this theoretical 
value. For example, after correcting for tempera- 
ture, we obtained 83X10 at 15,000 cycles, 
128X107 at 22,000 cycles, and 133X10™ at 
34,000 cycles—with a probable error as large as 
30 percent. The values of uw», at 7500 and 11,000 
cycles, obtained by this intensity method, agreed 
satisfactorily with those obtained earlier by the 
more accurate decay method.! 

The absorption measurements in O2+NH; 
gave similar results: uw, agreed with the theo- 
retical value for O2 and also with values obtained 
previously by the decay method; and, in contrast 
with H,O as an impurity, the reaction constant 
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Fic. 4. Curves showing the dependence of the reaction 
constant ki as a function of the concentration of NH; and 
H.O in oxygen. The ordinate for these curves is the fre- 
quency at which the absorption is a maximum, which is the 
reaction constant divided by 2z. 
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k, appears to be almost, if not entirely, a linear 
function of the concentration of NH3. This is 
shown by the straight line in Fig. 4, which 
summarizes the most significant findings * in 
Oo.+NHs. 

Preliminary experiments on the absorption in 
CO, and He indicate that both of these gases are 
absorptive in the range of frequencies here 
investigated, 7 to 34 kilocycles. Thus, with the 
chamber filled with pure Ne, which according to 
all our experiments is nonreactive, the deflection 
of the meter associated with the microphone was 
adjusted to full scale reading. The deflection was 
progressively reduced as either CO2 or He was 
added to the chamber. A 50-percent impurity of 
COs reduced the deflection to one-tenth at 7500 
cycles; and a 3-percent impurity of CO, reduced 
the deflection to one-tenth at 34,000 cycles. The 
effect of adding He to Ne is as yet uncertain, 
although at 34,000 cycles the deflection was 
reduced to one-tenth with 40 percent He. Similar 
results were obtained when either air or O2 was 
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substituted for the Ne. Further, and more 
quantitative, experiments are in progress on 
these and other gases. 

In conclusion, these experiments, although not 
capable of yielding as precise results as were 
obtained previously by the decay method,!: # (1) 
provide a new and rapid means for investigating 
the absorption of many gases (gases which are not 
so absorptive as to preclude the possibility of 
obtaining diffuse sound in the chamber) in the 
frequency range up to 34,000 cycles; and (2) give 
further support to the molecular collision, or 
“relaxation,” theory of absorption, at least for 
Os. Since this theory, at least in its primitive 
form, apparently does not explain many dis- 
persion and absorption measurements obtained 
elsewhere* it seems desirable to extend our 
measurements to other gases. 

The authors wish to acknowledge the contribu- 
tion to this work of Ralph Phillips and Robert 
Watson, graduate students, who assisted with 
the laboratory measurements. 
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Elastic Impact of a Pianoforte Hammer 


R. N. Guosu, University of Allahabad, India 
(Received August 1, 1935) 


N the theory of vibrations of the pianoforte 
string the evaluation of the duration of impact 
of the hammer with the string, and the pressure 
between them form the basic ground. Helmholtz! 
assumed a harmonic law of pressure p=A sin nt, 
while Kaufmann?* obtained a damped harmonic 
law p= Ae-*' sin gt when the striking distance is 
so small that the displacement at any point may 
become proportional to the distance of the point 
from the striking point. Raman and Banerji’ 
have also given a theory of impact in the case of 
a hard hammer in the more general case when the 
striking distance may have any value. In the 
present paper a general theory is developed with 
the help of Heaviside’s operational methods 
applicable to elastic or hard hammers. The case 
treated here is that of an elastic hammer when 
it strikes at a point which is nearer one extremity, 
such that during the time the hammer is in 
contact with the string, waves reflected from the 
farther end do not reach the striking point. This 
case is of great practical value since in the actual 
pianoforte the striking distance is about //7 and 
the duration of contact is less than the gravest 
free vibration period of the string. It will be 
seen that the method can also be applied to the 
general case when the striking distance has any 
value. The paper will be divided in two sections. 
In the first section (§1) the solution of the impact 
problem is obtained in the form of a convergent 
trigonometrical series similar to that of the 
analysis of Raman and Banerji. It will be found 
that it consists of a Kaufmann term plus other 
periodic but highly damped terms. In §2 the 
same fundamental equation is utilized to obtain 
a solution in the form of pulses which are reflected 
from the extremities. 


a eee 


A Cc B 
Fic. 1, 
! Helmholtz, Sensations of Tone, p. 380. 


2? Kaufmann, Ann, d. Physik 54, 675 (1895). 
* Raman and Banerji, Proc. Roy. Soc. A97, 100 (1920). 


$1. 


Let us assume that AB is the string of length /, 
and of linear density p, under tension 7, and an 
elastic hammer of effective mass M impinges 
upon it at the point C. (See Fig. 1.) Let us 
further assume that the compression of the ham- 
mer-felt obeys Hooke’s law so that the pressure 
is given by 


p= zé, (1) 


where é is the amount of compression of the felt, 
and yp is the elastic strength. The time during 
which the hammer remains in contact with the 
string will be divided into two intervals,‘ (1) a 
Helmholtz regime when the hammer felt under- 
goes compression but the string is not displaced 
from the equilibrium position, and (2) a Kauf- 
mann regime when the string is displaced from 
its equilibrium position. In the case of a hard 
hammer the Helmholtz regime has no existence. 
Let us first investigate the state of affairs 
during the Helmholtz regime. We shall write 
out the equation of motion of the hammer and 
also the subsidiary equation by Heaviside’s 
method. Bromwich® has shown that Heaviside’s 
method is also applicable to continuous media 
and has given many acoustical examples, and the 
method followed here is an extension of his 
results. The equation of motion of the hammer is 


Ma?:i/d?= —p (2) 
and the subsidiary equation® is 
Mo*?i= —p+oMV,,° 


where o=d/dt, and Vp is the initial velocity of 
the hammer. Replacing p by (1) we obtain the 
operational solution’ for & 


£=0Vo/(o?+n?),’ (3) 


where n?= p/M. 

4 Ghosh, Phil. Mag. 9, 1175 (1930). 

5 Bromwich, Proc. London Math. Soc. 15, 401 (1916). 

6 Jeffry, Operational Methods in Mathematical Physics, 
(1927) p. 49. 

7 Reference 6, p. 96. 
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From Heaviside’s well-known formula we get 
the value of ~ at once 


= Vo sin nt/n. (4) 


Thus we observe that during the Helmholtz 
regime, the compression £ follows a harmonic 
law, and this state of affairs continues till two 
equal transverse waves are generated in the 
string which travel with a velocity c on both the 
sides of the striking point, and the Kaufmann 
regime begins. At this instant the pressure of 
compression must be equal to the transverse 
component of the tension. The wave equation in 
the string is d*y/d?=cd*y/dx?, and the sub- 
sidiary equation is 


d?y/dx? = (0?/c?)y, (S) 


since the velocity and displacement are every- 
where zero except at x=0 (the striking point) at 
this time. Hence 


y= Re~@! 92+ Seloloz, 


Further R and S must satisfy the condition that 
at x= 0 the displacement vanishes at this instant. 
Therefore R+S=0 and y can be written in the 
form 


y=yo sinh (¢/c)x, (6) 


where yo= displacement at x = 0. The transverse 
component of tension at the origin is 27 dy/dx 
=2T)(0/c)yo and this equals the compression at 
time ¢; when the waves start, ¢; being measured 
from the instant when the hammer strikes. Hence 


u(Vo/n) sin nty=2T (a/c) yo. 


At time ¢, the striking point moves with a 
velocity V1, which is the same as that of the 
hammer at ¢;. Hence 


oVo= ly cos 2t,;= Vi. 
Eliminating oyo we obtain at once the value of f, 
To p , i 
tan nt;=2{ — —}. (7) 
uw M 


Kaufmann’s regime begins from time ¢, and 
the waves represented by (6) travel back and 
forth along the string. Two important and 
distinct cases arise according as the point C 
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is nearer one end than the other. If the point C is 
so situated that a/I is a large fraction, AC=a, 
BC=8, and the hammer remains in contact with 
the string for a sufficiently long time so that 
waves reflected from both ends reach the striking 
point, then the form of y must be such that the 
end conditions, viz., zero displacements, must 
be satisfied. If vy; and yz represent displacements 
on CB and CA, respectively, then 


¥i= Yo sinh (¢/c)(8—x)/sinh (o/c) 

and ye=yo sinh (¢/c)(x+a)/sinh (¢/c)a. 
If, on the other hand, waves reflected from the 
farther end B do not reach the striking point 
during the time the hammer is in contact with 
the string, then 

Yi= yoe C/O, 

Yye= Yo sinh (¢/c)(x+a)/sinh (¢/c)a. (8) 
We shall take the latter case. The equation of 
motion of the hammer is Md*¢/d?@= — p where ¢ 
represents the displacement of the hammer, and 
pb the compression of the felt as measured from 
time ¢;. If yo is the displacement of the striking 


point, and £ the amount of compression of the 
felt from time #;, then 


[= +o, (9) 


and p must always be equal to the transverse 
component of tension at x=0. Hence 


p= T | (dy/dx)1— (dy/dx)2}. (10) 


The subsidiary equation for the motion of the 
hammer is 


Mo%= —p+oMV;. (11) 


Substituting the values of (dy/dx), and (dy/dx) 
from (8) we find 


p=T (e/c)(1+coth (¢/c)a). (12) 


Remembering that = p/y we obtain finally 


Meo? oa 
Mety+——Teyo 1 +coth =) = 
uc c 


o ga 
— “Teyol 1 +coth =) +oM Vi. 


c c 
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The operational solution for yo is® 


V1 


Y= a a 2 

° o*Ty Cp oa 

c+( +) (1+c0th ~) 
pe 6 OUWM c 


The value of yo is obtained with the help of 
Heaviside’s expansion theorem® 





(13) 





74> Yy ‘Zot de” Yo/oZ'c. 
Yo=1, 


(14) 


Here Yo/Zo=0, Z'c=(d/do)Z,, 
and oj, os, o3 are the roots of Z,=0, i.e., 
o+(o?To/uct+cp/M)(1+coth (ca/c))=0. (15) 


The roots of (15) will be complex; we therefore 
write o=o;t+io2. and (0;+%02)(a/c)=2+1a, 
where i= (—1). Substituting this value in (15) 
we get 


stiwt {kR+X(s?—w?)+2Xzsiw} 
<(1+coth (s+iw))=0 


where X= 7>/pna, k= pa/M. Equating real and 
imaginary parts separately to zero, we obtain 


z tanh s—w tan w+ P(1+tanh 2) 
—2Xsw tan w(1—tanh z)=0, 
z tan w+w tanh z+P tan w(1—tanh z) 
+2Xzw(1+tanh z)=0. 


If z is small so that 2? can be neglected we get 





Via 
Cc 27» 
1+-—— 


Vo= 


“7 


If k/w is small in comparison to Xw, then 


Via 1 


Vo= —_ 


uc (077 /uc+cp/ AM) 


c (s+iw) [(s?-—tan? w+2is tan w+ P+2iwsX) |/(s+7 tan w)? 
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w tan w0(1+2Xz)=P(1+2)+2?, 


2/,.2\15 r 2/9 (16) 

s= —(P?/w?) | {(1+X) —P?/w?}, 
where P=k+X(z?—w?). The lowest roots of ¢ 
and w are small and they are given by 


w= k/(1+-X) —3R2/(14-X)?, 


17) 
s= —(k/2)(1+X)—, ™ 


while the higher roots are given by 


wtanw=P; 


s=—P?/w(1+X) — (18) 
for Xw<1. Finally we put 


w tan w=(kR—Xw?); s= —(Xw)?/(1+-X) (19) 
to a first approximation. The possible values of 
w form an inharmonic series which departs from 
the natural frequency of vibration of the shorter 
portion a. In the case of a hard hammer X =0, 
and the values of w are all greater than the 
natural frequency of oscillation of the portion a; 
the effect of elasticity is to lower the values of w. 
If k is small in comparison with Xw*, then the 
possible values of w are all smaller than the 
natural frequency of the portion a. In case Xw 
is less than unity w will be approximately given 
by w=(nx+y7), where y is a small correction, 
which comes out to be —Xu7m approximately. 
Thus w= nz(1—X) when a// is small. The value 
of z goes on increasing with w, and is approxi- 
mately equal to —(Xw)?. 
Evaluating Z,’, we obtain yo in the form 


e! ztiw)ct/a 


—(k+o?Tya/pc) cosech? (s+iw) 


e(+t iw)ct/a 
(20) 


the summation being extended over all the values of z and w. We obtain 


Vie ef@it iw i)ct/a 
yo= 


8 Reference 6, p. 41. 
® Reference 6, p. 11. 


————s in nandaeeeiediighes = ee a 
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c (stiw) (1+X)_ 


ELASTIC IMPACT OF A PIANOFORTE HAMMER 257 


where the values of 2; and @; are given by (17) and those of z and w are given by (19). Further sim- 
plification results by leaving out (P/w)? and (P/w)*, and we get 


Vie ezictla ewictla Via P ezctla eivctia(? P—qw) 
al st nen es cc ee | (21) 
2c (1+X) (2: +70) c (1+X) @’ w? 


o 


Since (z— wi) is also a root of (15), each of the terms in the above equation must be doubled, and the 
final value of yo is* 


Vie (31 —1w, et*ietla 2 Via P (2P—tw)et*t/@ 
—___—gf1¢t/@ ______ -+>°- aaa ezictia Cs : (22) 
c(1+X) w* c(i+X) a? w* 


VYo> 


- 


The first term is the same as that of Kaufmann when it is corrected for the elasticity of the felt, and 
the rest forms a convergent series the period of each term being approximately T=2a/c(1—X), 
4a/c(1—X), etc. The series when extended to all the values of w ordinarily represent a discontinuous 
curve having discontinuities at t= 2a/c, 4a/c, etc., but since the damping coefficient is large, the 
series is practically limited to ten or twelve terms, and yo passes continuously but suddenly from a 
negative value to a positive value, a detailed discussion of which will presently follow. 

The case of a hard hammer can be deduced by putting Y=0 in (17) and (18) and (22). It will be 
observed that the value of z is now very small, and w= (nz+k/nz). Both in the case of elastic and 
hard hammers yo is proportional to a. 


Calculation of the pressure between the hammer and the string 


The pressure is accurately given by (12), which can be written in the form 
p= (To/a)(s+iw) {1+coth (s+iw) } yo. 
Substituting the value of yo from (20) we get 


Vipe {\2PX —1w(1+BP?/w?)}eletivdetia 
p= 
w*(1+X) (1+6?P?/w) 


where B= (1—X)/(X +1). Doubling this value and summing up for all values of z and w we get 


Viep sin w)ct/a 2V icp 2PX cos wet/a sin wet/a 
p=- ms eres ( —2, COs wi cl «) +> . eral: — + - ) 
(1+X) @) (1+X) ° 


a” Ww 
fort>0. (23) 


The first two terms of (23) are the same as that of Kaufmann’s when corrected for elasticity, and 
the rest forms a periodic series with periods nearly equal to T=2a/c, 4a/c, 6a/c, etc. At times 
t=2a/c, 4a/c, when the reflected pulse arrives, there is little displacement of the string for an interval 
2cp/u=t, (see (7)) while the hammer felt undergoes extra compression 2V,cp/(1+X). Over the 
interval ¢;= 2cp/u the pressure follows a harmonic law p= (Viu/n) sin nt. This phenomenon cannot 
be observed unless a highly elastic hammer is used. For slightly elastic hammers, the pressure under- 
goes a sudden change of magnitude 2V,pc/(1+X) at t=2a/c, 4a/c, etc. The greater the value of the 
damping of the individual terms, the smaller will be the discontinuity. A graphical representation of 
(23) is shown in Fig. 2 where k= 0.15, X¥ = 0.03. Now the series in (23) when extended to a very large 
number of terms would produce a sharp discontinuity at t=2a/c, 4a/c, but in the present case on 





* Compare (22) with (17) Phil. Mag. 9, 1179 (1930). 
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account of the increase of the damping coefficient represented by Xw the higher terms die out, and 
we have therefore in practice a limited series of terms in (23); hence there is no discontinuity 
mathematically and the curve has continuity throughout its course. It passes from a negative value 
— Vipc/(1+X) to a positive value Vipc/(1+X) continuously at t=2a/c, 4a/c, etc. The duration 
of contact is the interval from ¢=0 to the time when the pressure curve cuts the time axis. Actually 
the duration of contact will be the time ¢:, where ¢1= 24:+ ¢, and ¢is the time from the beginning 
of the Kaufmann interval to the time when the pressure curve cuts the time axis. 

The important fact which emerges out of this investigation is the dependence of the damping 
coefficient upon the order of the terms in (23). Thus very high frequency terms are evanescent, 
rendering the pressure curve smooth and continuous. This result may be compared to that of the 
hard hammer when X = 0 and z= — k?/w* and w tan w= k (see (18)). Thus w has almost the same value, 
viz., nx, but the damping coefficient z has diminished considerably, and it goes on diminishing with 
the order of the terms. The effect of this is that a large number of terms have to be retained in (23), 
with the result that the pressure undergoes discontinuous changes at t= 2a/c, 4a/c., etc. It appears 
that with the increase in softness of the hammer the damping coefficient of each term increases con- 
siderably, and therefore the higher components are highly damped. Thus we are justified in limiting 
the series in (23) to a few terms. 


§2.WAVE SOLUTION 


The present section will be devoted to the determination of yo in terms of pulses which are reflected 
from the ends of the string. In the present case no pulse is assumed to be reflected from the farther 
end, and only pulses reflected from the nearer end reach the striking point. In order to derive their 
magnitudes, we rewrite (13) in the form 


Yo= Vi/[o+Q(1+coth (ca/c)) |, (24) 
where Q= (cp/M+o?To/uc), or 
yo= Vi(l—e-*!e)/[(0-+20) —oe-*0!e].0 


” Reference 6, p. 44. 
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Since e~°°*/°<1 we expand the denominator, treating o as an algebraic quantity by the Bromwich 
rule and obtain 








Vi(1 _ e~2ealc) oe 27ale g2e—seale 
Ee cee 
(o+2Q) (o+2Q0) (¢+20Q)? 
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Vi 
“cal (sta 
(o+2Q) o+2Q (o+20)? «+20 








Jerwateg. 7 ; (25) 


In order to interpret each term by Heaviside’s rule, we have to resolve each term into partial fractions 
of the form ¢/(¢+71). Let us assume that y; and y2 are the roots of ¢+2Q=0. After resolution into 
partial fractions we get for the first set: 


[1/(v2—v1) J{1/(o +71) —1/(o+2)}, (26) 
for the second set: 
—2e 1 1 o 2o0 1 1 o 


erate a ee ‘ + 
(ye—¥1)* (o+%71) (2-71)? (o+¥2) (¥i- 2)? (o+Y2) (v1 — 2)? (0 +71) 











-_(___-_-_.)| 27) 
(y—n)\(otn) (o+r)/ 1) 


and for the third set: 











a Ev RO. 
(ye-¥1)> (@+71) (y2—-71)' (o-+41)? (ye—¥1)* (o+71)* (yi-—v2)® (+72) 
(yit2y2) o v2 o 2 0 1 

iw bru? -aP Gaal Goa aero 

2 o 1 o 


+—__—__ ——__-—____—__}, (28) 
(yi-—¥2)* (o+72) (y1—Y2)? (0+72)? 


The uth term of the series is of the form 


| a” 1 ol 
e~2enale — — —__ —_____________ ], 
(o+yi)"*! (o+y2)"*! (oty1)" "(ot+y2)"! 


To resolve these terms into partial fractions we utilize the well-known result, if 





o” 1 oA, cA, oA, o” 
X(o)=0"/(o+72)"*!, and — — = + + +- ——, 
(otyi)"*! (o+ye)"t! (o+71) (o+91)? (o+971)% (6+72)"4? 
then A,=X(n1)3 Ara=X"(y)3 Apa=X"(y)/2!; A= X-Uy)/(r—-1) 1. 


After resolution and interpretation we get the first set of terms 
yo= ViL1/(ve—11) JL -—e 4) /i — (1-4) /72}, 0<t<2a/c, 


while other terms do not appear according to the rule of Heaviside’s uait function. The second set 
appears from ¢>2a/c. 
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These terms should be added to the first set to get the value of yo at any time t<4a/c. The third set 
thus runs from 
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These terms should be added to the first two sets. In this way we have the first set in the first epoch 
0<t<2a/c the second set added during the second epoch 2a/c<t<4a/c and so on. These epochs 
correspond to the times when the pulses reflected from the extremity x= —a reach the striking point, 
and each time a reflected pulse arrives, a new set of terms is added. These results correspond to Das's 
solution! by an entirely different and cumbrous method. But this solution is not suitable for nu- 
merical computation of the duration of contact. The object of presenting this result is to show that 
Heaviside’s operational methods lead quickly to both the types of solution in a simple and elegant 
manner. 
SUMMARY 


It has been shown in this paper that Heaviside’s operational methods can be applied to the problem 
of impact of a pianoforte hammer on a string. A particular case has been treated here in which the 
duration of contact is less than the gravest period of vibration of the string, and a// is a small fraction. 
It is found that the resulting displacement of the striking point is the sum of a Kaufmann term and a 
series of terms which are highly damped. The periods of the terms are approximately 7'=2a/c, 
4a/c, 6a/c, etc., when k is small. The pressure between the hammer and the string has been shown to 
rise by jumps continuously from a large negative value to a large positive value when the damping 
coefficient is large. The presence of damping in the terms is very important, and it is on this 
account that the higher terms vanish and the pressure rises and falls smoothly. The solution in terms 
of pulses reflected from the nearer extremity is also obtained with the help of Heaviside’s operational 
method, but it is very cumbrous and is of hardly any practical value. 


11 Das, Proc. Indian Association Calcutta 7, 13 (1920). 
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HE general principle of measuring the 
isolating power of a sound isolating member 
—partition, floor or building constructions be- 
tween distant parts of a building and the like— 
requires a sustained sound producer in the 
“source” room and a suitable apparatus to 
measure the sound intensities both in the source 
room and in the “‘listening’’ room. The isolation 
value R is then expressed: 
in physical terms R=/s:J,z, or 
in phonetic scale R=k log (Js:J,z), 
where Js and J; are the sound intensities on the 
two sides, respectively. Due consideration must 
be given to the local conditions in both rooms: 
Absorption, reflection, interference, disturbing 
noise level. 

Reliable sound sources are available, also 
numerous metering devices, with absolute scale 
indication and with ear correction, but all 
physical receivers are subjected to local station- 
ary and moving sound patterns which are ex- 
tremely difficult to eliminate. Such physical 
measurements can be in serious discrepancy with 
aural ratings. By using this method, the metering 
device has to adjust its reading to the quality and 
intensity of the oncoming sound. 

The reversed procedure offers certain practical 
advantages: Given a receiving device that 
answers only to a certain level of sound intensity, 
or only upward or downward from a certain fixed 
value which may be termed ‘‘threshold”’ level of 
the instrument, and given a sound source of 
variable acoustic power, then the calibration 
curve of the source immediately tells how strong 
the source must be in order to penetrate the 
isolation member so as to produce the threshold 
intensity of the metering instrument. Of course 
the same precautions as to local damping and 
sound patter must be considered as in the first 
method. It is necessary only that the ‘‘threshold”’ 
of the detecting instrument be constant. 

Nature has provided a wonderful threshold 
instrument, the human ear. One accordingly feels 


* Head of the Acoustical Institute at the Eidgenissische 
Technische Hochschule. 


tempted to try to design a sound source for this 
reversed method of measurement, whose emission 
can be varied through a sufficient range so that 
usual isolation values of building constructions 
are covered. 


Of the many reasons which speak for the 
application of the aural threshold to measure- 
ments of sound isolation, a few are cited below: 


The intensity range of the ear is enormous, about 130 
sensation units, in comparison with instruments that 
require step-wise switching every 10 to 30 db. 

The ear responds very quickly to short impulses. 

The threshold level of a normal ear is very precisely 
caught and is fairly constant during considerable time. 

The binaural loudness reception is far less sensitive to 
local inequalities of the interference pattern than any 
physical device is. 

The ear can pay particular attention to and pick out 
precisely certain elements from a complex sound, and 
without weakening filtering, and even hear out sound 
irregularities or contrasts which are below the general 
sound level. 

Besides intensity rating, the ear notices changes in 
timbre which the sound may undergo while passing through 
the isolating member as a consequence of resonance pheno- 
mena within the partition or structure. 

Observations can be made at the time by a number of 
persons as practical experience has proved, and with re- 
markable concordance and precision so that the observa- 
tions are of convincing impartiality. 


It only remains to design a suitable variable 
sound source which allows us to make use of the 
ear as a metering instrument. Various electrical 
and pneumatic devices were tried, also me- 
chanical ones; finally a hammer-pounder proved 
best of all, and it can be used for both air-borne 
and impact sound generation. In principle the 
source is an improvement of the old method of 
dropping weights from different heights: a 
hammer is mounted on a lever whose length and 











Fic. 1. Schematic design of pounder, variable lever length 
and stroke. 
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Fic. 2. Principle of variable sound source and threshold method. 


stroke are successively varied so that the 
mechanical work of the successive blows cover a 
range of, say 1:10,000 or more, which is 
sufficient to test practically any sound isolation 
member in building structures. 

Fig. 1 represents diagrammatically the design 
of the source. The pounding hammer a is at the 
one end of a lever 6 which is prevented by link L 
from horizontal movement. The lever rests on a 
wandering knife-edge e and the nose end n is 
worked by a cam C rotating at constant speed. A 
suitable reduction gear and crank moves the 
guided runner s of the knife-edge and displaces it 
to and fro between the positions e; and ée:. The 
cam is driven by a silent motor and the cycles of 
increasing and decreasing blows go on uninter- 
ruptedly for any time; the source is left alone. 

Fig. 2 explains the general measuring principle. 
Suppose the source’s blow-cycle embraces 60 
steps—30 in the increasing and 30 in the de- 
creasing sense-——-each separated by a short time 
interval, for instance 2.5 seconds, so that a 
complete cycle of 60 blows requires 2.5 minutes, 
then the observer in the listening room knows 
that after 60 blows the cycle is repeated again 
and again. But usually he hears not all blows but 
only a number of them, from threshold to a 
maximum and down again to threshold; then 
follows a period of inaudibility, until a new 
period of audible blows emerges, and so on. The 
observer counts the number of successive blows 
heard out of one complete cycle and the cali- 
bration curve of the source immediately reveals 
what the decibel level on the source side must be 
in order to produce the threshold level on the 
listening side of the test partition. Or, if impact 


sound isolation is to be measured, how many 
cm-g blow work is to be produced and applied to 
the isolating member that audibility is produced 
in the air space of the listening side. It is inter- 
esting to note that this method takes account of 
the threshold transmission both in the increasing 
and decreasing directions, and one would expect 
that the line of connection of the two threshold 
steps JT; and 72 be horizontal. Sudden stopping of 
the source, however, proved that this is not the 
case. The threshold, when approached from 
below, is more difficult to catch, while, when 
approached from above, it is very precisely 
caught by most of the observers. Yet some rare 
cases were observed where the contrary occurred. 
In most cases the total number of blows heard by 
different observers—and quite untrained ob- 
servers—in the same experiment was surprisingly 
concordant, for instance, numbers: 42—42-44; 
42-43-42; 40-42-43; 41-42-44; were recorded 
by three observers in four consecutive cycles, 
a highly satisfactory agreement when one con- 
siders that disturbing noises occurred just at 
the moment of threshold transmission. The 
source can first be used to determine the dis- 
turbing noise level in the listening room; then the 


Fic. 3. Mounting for air-borne sound. 
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isolation value of the member to be tested is the 
difference of the mean level 7,;—T7> and of the 
disturbing noise level (in logarithmic scale). 
Although sufficient reliable, other, direct- 
reading instruments for air-borne sound meas- 
uring are available, the pounding sound-and 
threshold method applies equally to this purpose. 
Then the hammer is made to hit a sound radiator, 
Fig. 3, which consists of a Bakelite plate held 
between two sponge rubber cushions so that 
neither noise from the pounder mechanism enters 
the radiator nor from the plate enters the 
supporting base. The Bakelite air-sound-radiator 
must have a sufficiently steep decrement so that 
its audible vibrations are not dragged into the 
next blow. Moreover its frequency spectrum 
must have outstanding timbre which is a fair 
average of the noises and sounds met with in 
domestic life. Fig. 4 gives the spectrum obtained 
with a high speed level meter in a dead damped 
room. The dominating frequencies are between 
700 and 1500 dv; the lower frequencies are due to 
air resonance of the room; the higher frequencies 
are overtones of the Bakelite plate. The test 
room’s absorption was 11.3 open window units, a 
value that is not far from those of average living 
room sizes. Then no special correction as to 
damping in the source room must be made and 
the calibration curve Fig. 5 can be readily 
applied for air-borne sound isolation measure- 
ment, in decibels, for partitions or air ducts, 
corridors and the like. 
Fig. 6 shows the instrument. It is of rugged 
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construction so that its calibration was found to 
remain quite constant when used in outdoor 
work. By the way, it is self-calibrating, because 
the hammer lever must set itself in horizontal 
balance in the minimum-blow step, é:, Fig. 1, which 
can easily be corrected by means of a small sliding 
weight on the lever. Of course, utmost care has 
to be bestowed on frictionless pin bearings and 
correct “‘metacentric”’ height of the lever and link 
system. 

The method of deducing the results obtained 
with the pounder for testing air-borne sound 
isolation is clear: the procedure reveals the 
number of db necessary in the source room as to 
produce a barely audible intensity on the other 
side of the partition, in the prevailing disturbing 
noise level. 

On the other hand, we need a clear definition 
of the term “isolation value for impact sound,” 
especially for floor isolation in buildings. It is 
highly problematic to measure the sound in- 
tensity directly on the spot of impact application, 
i.e., in the boundary layer. Less difficult is to 
make measurements, stethoscopically, at the 
opposite lee side, but as a rule, inhabitants of a 
building should not press their ears against the 
ceiling or wall of their flat in order to judge the 


y ve 7, 

“" “sk 
ge 4 

a ’ 4 : 

- ee 





y 


Fic. 6. Pounder instrument, mounted for air-borne sound 
emission. 
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sound tightness towards their neighbors. It is 
fairer to ask, what amount of loudness is the 
result in the listening room, in the air space, say 
in the middle of the room 1.5 meters above the 
floor. Thus the isolation effect assumes a wider 
meaning and embraces the isolation proper of the 
partition or building part and the radiation of 
sound into the air space and way down to the ear. 
Also the primary influence of the nature of the 
upper surface of the floor—whether hard or soft 
—on to the generation of the acoustic load is 
implicite contained in the pounding test. The 
term “‘decibel-isolation’’ becomes therefore vague 
for the taxation of solid-body impact sound in 
buildings and one feels inclined to look out for 
a more concise term. Let us, for the time being, 
call this “structure isolation value” for impact 
sound, and define it: 


The measure of ‘‘structure sound isolation” is expressed 
by the number of cm-g impact applied by means of a 
standardized hammer directly on to the actual (finished) 
surface of the isolating member and that produces barely 
audible sound in the air space of the listening room, 1.5 
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Fic. 7. Mounting for impact sound. 
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TABLE [, 


cm-g BLow Work, 
HAMMER HEAD 
=11.9 mm STEEL 10 log 
BALL cm-g 


STRUCTURE SOUND ISOLATION, at 
25 db DiIsTURBING NOISE LEVEL ry 
THE LISTENING ROOM 





‘‘quite insufficient”’ 

‘poor’ / most concrete and 
wood-beam floors with lino- 
leum glued on / no particular 
isolation measures between 
linoleum and floor / walking 
sensibly heard, annoying 

‘‘moderate”’ / isolation becomes 
gradually beneficial / walking 
still clearly heard / children 
playing on floor annoying 

‘“‘go00d” / walking remarkably 
muffled / typewriter on table 
faintly heard 

; “very good” / walking extin- 
guished / general dwelling 
noises practically not heard. 
Medium thick pile carpet on 
otherwise unisolated floor 

“excellent” / obtained with 
floating floor plate on soft 
isolating layer and thin car- 
pet stretched / or through 
two floors in solid brick 
building (not concrete) 

‘‘quite extraordinary” / not ob- 
tainable with one floor, but 
through two floors, diag- 
onally 15 meters in heavily 
built brick mansion, medium 
thick pile carpet on slag- 
filled, thick wood beam floors 
/the ground floor knows 
‘“‘acoustically”’ nothing from 
the second floor noises. 


up to3 ‘upto5 
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bo 
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1000 30 


3000 35 


meters above the floor, in the presence of a fixed disturbing 
noise level. 


The disturbing noise level may be standardized 
to, say 25 db above threshold at 1000 dv. Fig. 7 
shows the mounting of the pounder for this 
purpose. Only one rubber cushion is used for 
keeping off the noise of the mechanism from the 
isolating member to be tested. 

Experiments have led to the conclusion that 
blow energies between 1 and a little over 1000 
cm-g cover practically all structure sound isola- 
tion values met with in buildings, and, in 
analogy to the term decibel, one can use 10 log 
cm-g, as indicated in the left-hand scale of 
calibration curve Fig. 8 of the same instrument 
for which Fig. 5 gives the db calibration. Then we 
obtain a simple grouping of structure sound 
isolation values from ‘‘quite insufficient’’ to 
quite extraordinary isolation.” 

Numerous experiments in actual office and 
dwelling buildings gave the rough scale of Table I. 
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A New Treatment of the Horn-Diaphragm Coupling Chamber for Receiver 
Measurements 


C. Kk. STEDMAN,* Physics Department, Purdue University 
(Received February 12, 1936) 


A loudspeaker may be tested by removing its horn and 
loading it acoustically with an air column of variable length 
in a closed tube. In this way one can measure the acoustic 
impedance of the horn and the sound power output of the 
speaker, under the assumption that the air chamber in 
front of the diaphragm can be regarded as an addition to 
the tube of an equivalent length r determined by experi- 
ment. Under this assumption the air load impedance Z, at 
the diaphragm is given by Z4 = —j(A,°/A2)pc cot kx where 
A, is the diaphragm area, A», the cross section of the tube, 
and x the total length, i.e., actual length plus 7. An 
analytical treatment leads to the formula 


INTRODUCTION 


METHOD has been developed by Fay and 
Hall! for determining the efficiency, sound 
pressure and power output of a speaker, and the 
acoustic impedance of its horn from input meas- 
urements. The method has been found very use- 
ful in this laboratory for studying the perform- 
ance of moving coil speaker units built for a 
special purpose, but one set of experiments in 
which we wished also to measure the mechanical 
impedance of the diaphragm required a further 
examination of the theory and has led to a some- 
what different treatment. The method of taking 
the experimental data and finding graphically 
the mechanical impedance locus is identical, and 
need not be repeated here. The interpretation 
alone is different. The theory will first be worked 
out, then illustrated with experimental data, and 
finally compared with that of Fay and Hall. 


THEORY 
1. Calibration 


The new treatment is based on the familiar 
low frequency theory with the acoustic capaci- 
tance of the air chamber. At the top of Fig. lisa 
diagram of the air chamber and attached tube, 


* Based upon a thesis submitted by C. K. Stedman to 
the Faculty of Purdue University in partial fulfillment 
of the requirements for the degree of Doctor of Philosophy, 
June 1936. 

'R. D. Fay and W. M. Hall, ‘‘The Determination of the 
Acoustical Output of a Telephone Receiver from Input 
Measurements,”’ J. Acous. Soc. Am. 5, 46 (1933). 
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Z4 = —j cos* kr[(A,?2/A2)pe cot kx] 


—j(A?/A2)pc sin kr cos kr. 


Eq. (1) leads to correct results for the measurement of 
acoustic impedance of the horn and sound power output, 
but cannot be extended to determine the mechanical 
impedance of the diaphragm. Eq. (2) is the basis of a new 
treatment which is more general. It is expressed in terms 
of a parameter 7 which can be calculated theoretically at 
low frequencies, or determined empirically at higher fre- 
quencies. The theory has been verified experimentally. 


and below, the equivalent circuit. Since the 
acoustic impedance of the tube varies from —j« 
to +j the corresponding branch of the circuit is 
indicated as a variable reactance. The acoustic 
reactance X, at the diaphragm is 

(pc/wCAz2) cot ki 


X= ——_—___—_-, (1) 
1/wC+(pc/A2) cot k/ 

where Ag is the cross section of the tube, and / the 

tube length. p, w, k and ¢ have their customary 

significance. As / is increased from zero this first 

becomes infinite at a tube length /,, such that 

cot kl, = —A2/pcwC. If we write 


\/2-l,=r then cot k(A/2—r)=—A2/pcwCl 


or cot kr=A2/pcwC = (A2/ V)(d/27) (2) 
C= V/pc*. (3) 


The influence of dissipation in the tube is very 
apparent in Fig. 2, but in the range of reactances 
which are necessary for calibration its effect on 
them is within the experimental error. It is also 
true that because of damping the acoustic react- 
ance is actually zero instead of infinity when the 
absolute value of the air load is a maximum. 
However, the tube length is the same in either 
case and we may proceed as though the dissipa- 
tion were absent. 

If one desires, r may be called the equivalent 
length of the chamber. However it has that 
simple significance only when /+r7 is a multiple 
of \/2, and at all other tube lengths enters in a 
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more complicated way (Eq. (4)). In all equations 
where the acoustic capacitance C would appear, 
it will be replaced by 7 by means of Eq. (2). The 
latter quantity is determined very easily by 
experiment and provides the link between the 
mathematical treatment which is possible at low 
frequencies and the empirical treatment which is 
necessary at higher frequencies when phase 
differences reduce the stiffness of the chamber 
and Eq. (2) is no longer correct. 

For these reasons it is desirable to express Eq. 
(1) asa function of /+,r and to substitute for C in 
terms of r. When this is done we obtain 

(pc/As) cot kr cot kl 


in —— 


cot ii-hece kl 


pc 
= ——{cos? kr cot k(J]+r)+sin krcoskr}. (4) 


2 
And the air load reactance X 4 (2 pressure X area =) 
at the diaphragm becomes particle velocity 


X 4=cos* kr{ —(A;/A2)*Aope cot R(l+7) ] 
—(A;?/As)pc sinkrcoskr (5) 


where A, is the diaphragm area. This equation 
will be used to establish the scale of the me- 
chanical impedances (Fig. and to find the 
diaphragm impedance. 


2. Acoustic impedance of horn 


If the uniform tube is removed and replaced by 
a conduit whose acoustic impedance is 1J+jN, 
(for example the speaker horn) the air load at the 


STEDMAN 


diaphragm becomes 


4 a (—7/wC (M+j N) 
Zar=Rat —jXar=Ar 
—j wt: 4 ( M+j N ) 
Ai'(— joc cot kr/A Acoliyonid 
=- a (6) 
—j(pc cot by As) +( (M+jN) 
We will be ecw with finding MJ and N 
when Riz, and X47, are known, hence solving 
Eq. (6) for the former 
Rat \(A, As) pc cot kr}? 
M= (7) 
Ri eX, wee (Az 2 ‘As)ec cot kr}? 
pc cot kr 
As 
R47 +X, LI - aLt(Ay A2)p¢ cot kr! 
x- -- (8) 


Ra +{Xar+(A2/A ;)pe cot kr}? 


3. Sound pressure and power output 
Let A, be the effective area of the diaphragm 
defined by 





volumetric rate of air displacement 
velocity of coil ; 


and let A,./A,=k’. The total mechanical im- 
pedance Zy is made up of the diaphragm im- 
pedance Zp and the air load and may be written 


Zu=Zptk" Za. (9) 


If the corresponding motional impedance is Zr, 
ohms we have 
Zute.=k?,? (10) 
the total coil impedance =Zer7, 
instantaneous applied voltage = F, 
coil velocity =2, 
coil current =7 (amperes), 
instantaneous sound pressure at diaphragm = p. 


PA _ Zarkio _ Za rk'R(10")? 
Then —=——— — 
E IZET ZuZe 7 
ZartLe lk’ /k)(107)3 
eee se (11) 
ZET 


The convenience of this equation lies in the fact 
that it gives directly the pressure in the throat of 
the horn without requiring any reduction using 
charts of hyperbolic functions. 








2This k can easily be distinguished from the other 
(=27/X) by the context. 
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The power output is calculated from the 
pressure and the acoustic impedance of the horn 
as given by Eqs. (7) and (8). 


NUMERICAL EXAMPLE 


The receiver used to obtain the data for Fig. 2 
has a plane phosphor bronze diaphragm 54/1000 
cm thick and 4.6 cm diameter, which was driven 
as nearly as possible at its fundamental frequency 
of 872 cycles per second. The coupling chamber 
in front of the diaphragm is cylindrical and 0.319 
cm deep. The attached tube is 1.26 cm inside 
diameter with 1.5 mm wall. The temperature was 
25°C and the barometer 74.35 cm. The data are 
given in Table I. The electrical impedances are 
plotted in Fig. 2 and the mechanical impedances 
located graphically on an arbitrary scale just as 
explained by Fay and Hall, except that all points 
on the mechanical impedance locus have been 
plotted instead of just those for ]+r=/8, d/4 
and 3/8 which are marked A, B and D. The 
fundamental quantities k=27/\ and r, which 
enter in all calculations are found from successive 
points of minimum motional impedance. In this 
example \/2 = 19.37 cm and r=3.90 cm. 


1. Calibration 


To obtain the scale of mechanical impedances 
and to locate the origin O” of air load impedances, 
the latter are calculated from Eq. (5) for each 
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TABLE I, 








| 








x 
coil aA £6 | 12342 19.8 —9.0 
clamped 

0 12.7 12.8 12.92 15.8 —10.0 

92 15.0 12.9 13.62 10.8 —9.2 
2.62 18.4 12.3 14.62 5.0 —4.3 
4.32 21.1 11.0 | 15.46 3.4 1.6 
5.76 23.3 9.6 34.84 4.5 1.6 
6.82 24.6 7.9 54.20 5.5 1.6 
8.32 26.0 4.8 16.52 4.8 6.7 
9.52 26.6 1.6 18.02 8.9 11.0 
10.60 25.8 —2.6 20.32 14.8 12.6 
11.22 24.6 —5.0 24.82 22.7 9.6 
11.82 22.4 —7.5 | 28.82 26.2 1.8 














tube length. Then the observed values from the 
graph are plotted against the calculated values in 
Fig. 3. The slope of the line gives the scale and 
the intercept on the vertical axis gives the posi- 
tion of the origin O’’. In principle any two points 
would be sufficient, but for a preliminary test of 
the method it is worth while to have the more 
detailed check which this graph affords. The 
equation of the line is 


XA = 528 Pg observed ~ 273. ( 1 2) 


Hence in Fig. 2 air load impedances are to be 
measured from O” and each unit represents 528 
mechanical ohms. 


2. Acoustic impedance of horn 


To provide a convenient load for a sample 
measurement the plunger was removed from the 
tube leaving a tube 109.3 cm long with unflanged 
open end. The corresponding electrical impedance 
is plotted at P and the mechanical impedance at 
Q in Fig. 2. The air load impedance is 


Zar=Rart+jXar=528(8.26—j6.77) 
= 4370 —73580. 


Substituting in Eqs. (7) and (8) we obtain for the 
acoustic impedance of the tube M+jN=25.1 
—j5.75 acoustical ohms. 


3. Sound pressure and power output 
From the points P and Q Fig. 2 we obtain again 


Z41=4370—73580, Ze1=16.5+73.65, 
Zer=18.6+ 5.25. 
And from the points C C’ by using Eq. (10) 


(Zu/k")Ze,=k2/k"=2.58X10® (13) 
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or k’/k=0.00197. Finally from Eq. (11) 
bX 16.6 


E 
(4370 —j3580) (16.5-+3.65) X0.00197(107)! 
7 18.64 5.25 





or p/E=1370—j1260=1860 742° 39’ dynes 
cm?/volt. This is the pressure at the diaphragm 
and in the throat of the horn. If the wave-length 
is so short that appreciable phase differences 
exist in the chamber and an empirical value of r 
has been used, it must be regarded as an average 
or effective pressure. 
The power is 
1 pARar 


: - < 10-7 = 0.01306 watt/volt? 
EF? RavP+Xa1? 





or alternatively 


1 pM? 
— — X 10-7=0.01308 watt /volt?. 
FE? M?+ N? 





Thus we obtain a convenient check on the 
computation of 1/+jN. The value of » can be 
checked by computing the power from the input 
of the speaker, and its electrical and mechanical 
efficiencies. From Fig. 2 we obtain in the 
usual way 


input = 0.0497 watt /volt?, 

electrical efficiency = 88.7 percent, 
mechanical efficiency = 29.3 percent, 
output = 0.01292 watt/volt?. 


4. Mechanical impedance of diaphragm 


It will be evident from Eq. (9) that O’O” 
is not the diaphragm impedance but rather 
O'’0" =Zp/k”, and since we know only the 
quotient k/k’ a further measurement is necessary 
to determine Zp. k’ is not a very accessible 
quantity but k can be computed from the field in 
the gap of the speaker magnet and the dimensions 
of the moving coil. If the coil and diaphragm can 
be demounted, an excellent method is to measure 
the force per unit current on the coil with an 
improvised electromagnetic balance. This method 


yy 


© 


mn = OD 


oOo = 


A NEW TREATMENT OF 
is free from assumptions regarding the uniformity 
of the field. If F is the force in dynes and 7 the 
current in amperes F=ki(107)!. 


COMPARISON WITH EARLIER METHOD 


The method of Fay and Hall may be briefly 
summarized as follows. They assume that the 
coupling chamber is equivalent to an addition to 
the tube of length 7 determined by experiment 
(see Fig. 1). This amounts to writing for the air 
load reactance X 4’ at the diaphragm 


X4'=—(A1/A2)*Aope cot k(I+r). (14) 


The (A,/A2)* factor may be dropped by intro- 
ducing the concept of an equivalent piston re- 
ceiver. On this theory when /+r=X/8 the air load 
at the piston is —j7Aepc, when /+r=/4 it is zero 
and when /+r=)/2 it is infinite. The reason why 
this treatment cannot give correct values of 
diaphragm impedance is evident on comparison 
of Eqs. (14) and (5) since the square brackets in 
the latter equation are identical with Eq. (14). 
The cos? kr factor represents an error in scale, and 
the additive term an error in the choice of origin 
for Zaz. The situation is clearly illustrated in 
Fig. 2. According to Eq. (14) O’B gives the 
diaphragm impedance and AB=(A,?/A2)pc me- 
chanical ohms. According to Eq. (5) O’O” gives 
the diaphragm impedance and AB=cos? kr 
(A? 'Ae2)pce=0.651(A;?/A2)pe mechanical ohms. 
These errors will vanish in the computation of 
the acoustic impedance of the speaker horn and 
the sound pressure but they will not vanish in the 
computation of the diaphragm impedance. The 
difference in the two treatments is most obvious 
when /=)/4. For then Eq. (14) gives some value 
of impedance depending on +7, whereas it is 
evident from the circuit in Fig. 1 that X4 is then 
zero regardless of the value of 7 or the size of the 
chamber. 

The new treatment gives a clearer picture of 
the phenomena because all quantities entering in 
the calculations refer directly to the actual re- 
ceiver instead of to a hypothetical piston receiver. 
However, it is interesting to note that these con- 
siderations would also require a different defini- 
tion of the equivalent piston receiver if that 
concept were introduced. It is no longer true that 
the piston must have the same volume rate of air 
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displacement as the diaphragm. It must develop 
the same power, and the acoustic impedance into 
which it works is that of the horn connected to a 
tube of length r. These two automatically fix the 
rate of air displacement and require it to be 
cos kr times that of the diaphragm. It can be 
shown that if such a piston is to produce the same 
sound disturbance as the actual receiver and give 
an impedance diagram similar (in the geometrical 
sense) to Fig. 2, it must have 
defined by 


parameters 


Zp=(A2/A. cos kr)*Zp—jAspe tan kr. (15) 


VARIATION OF ¢ WITH WAVE—LENGTH 


As has been emphasized above, the application 
of the fundamental Eq. (5) is not limited to fre- 
quencies so low that r can be computed from Eq. 
(2). At somewhat higher frequencies a good first 
approximation is obtained by substituting in the 
same formula a value determined by experiment. 
As a matter of interest some data were obtained 
on the variation of r with wave-length, in the 
expectation that it would approach the theo- 
retical values as the wave-length increased. The 
results for three different size chambers are 
plotted in Fig. 4. The wave-length was varied by 
using different thickness diaphragms, each one of 
which was operated near its fundamental fre- 
quency. The smooth curves are computed and 
the circles are observed points. At the short wave- 
length end the results are very much what one 
would expect. The rise at the long wave-length 
end of the two upper curves is probably due to 
the fact that thin diaphragms of large area yield 
to the sound pressure. These observations are all 
made when the air load impedance is a maximum, 
hence the pressure is a maximum when the 
diaphragm is undisplaced. The result is a change 
in the mode of motion of the diaphragm which 
leads to a decrease in the apparent stiffness of the 
chamber. The effect would not be observed with 
properly shaped speaker diaphragms which 
vibrate as a piston. It may also be mentioned that 
the investigations described in this paper were at 
first preliminary to another problem which re- 
quired the use of plane metallic diaphragms, and 
that while the latter serve well enough to illus- 
trate the principles, they are very unsuitable 
for general acoustical measurements by these 
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methods. Their very large stiffness and mass 
make it impossible to use them very far from 
their fundamental frequency. The curves of Fig. 
4 are not smoothed because diaphragms cut from 
different samples of phosphor bronze are found 
to differ a good deal in their properties. 


APPENDIX A 


It is possible to prove that both interpretations of Fig. 2 
lead to the same value for the acoustic impedance of the 
horn. To investigate this question suppose that the im- 
pedance ascribed to the point Q by the method of Fay 
and Hall is F+jG ohms measured from the origin B. 
This is the impedance at the piston which is connected to 
the horn by a tube of length r. Hence the acoustic im- 
pedance M+jN of the horn will be given by* 


A2(M+jN) cos kr+jpc sin kr 


F+ jG = Aspe - (16 

+ " pc cos kr+jA2(M+jN) sin kr ») 
In this equation F and G must be expressed in terms of 
Raz and X,z and the resulting equation solved for M 
and N so that it can be compared with Eqs. (7) and (8). 


From Eq. (5) we see that 
F=(A2/A;)?(1/cos* kr)Ra x, (17) 


9 


G (a ee IPT seer ee (18) 
nod trad AS Cc r fi. 
vi a” =a 








Substituting these values in Eq. (16) we obtain 


Rax{(Ai/A2)pc cot kr}? 


an hen nace 
Rarv?+{Xatt+(A2/A2)pe cot kr}? 


31. B. Crandall, Theory of Vibrating Systems and Sound, footnote to 
p. 100 
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V pc cot kr Rav?+Xa L(X4L+(A1?/A2)pe cot kr) 
: Ao Ra wv?+{X41L+(A12/A2)pe cot kr}? 


which are identical with Eqs. (7) and (8). 





APPENDIX B 


In our notation the formula given by Fay and Hall for 
the sound pressure is 


pas (F+jG)Zp1(107)! | 
E kZer ”) 


But it is not at all self-evident to the writer that one can 
combine in this equation the electrical impedances of the 
actual receiver, with the air load impedance of a piston 
receiver which it has been shown cannot exist, and arrive 
at correct values of sound pressure. It will be shown below 
that Eq. (19) actually gives the pressure at the piston 
defined by Eq. (15) so that when reduced to the end of a 
tube of length r it does give the pressure in the throat of 
the horn. 

We note that due to the different scale for mechanical 
impedances, their numerical value of k is (A2/A;) sec kr 
times our value of (k/k’). And by using Eqs. (17) and (18) 
once more 


Zi L+j(Ai?/As2)pc sin kr cos kr 
(A,/A2)? cos? kr 


Calling the pressure at the piston p’ and making these 
substitutions we obtain 





F+jG= 








A? B 
p’A2 {2 . +5, bianco ir} (S\ze i (107)3 
E A, 
A cos kr Zer 


442 


The pressure p in the throat of the horn is given in terms 
of the pressure p’ at the piston by‘ 

M+jN , 
(M+jN) cos kr+j(pc/A2) sin kr 


, 





p = 


Substituting for 4+ jN in terms of Z4 17 
is Oe. wea _y’ 
Zar sec kr+j(A2/As)pe sin kr* 
Finally 
pas 
E 


aa Oe 
Za 1 sec kr+j(A1?/A2)pc sin kr 
¥ {Z41+j(A12/A2)pe sin kr cos kr} (k'/k)Zp 1 (10)! 
(A,/A2) cos kr Zeer 
— ZarZer(k'/k)(10")* Az 
- ZET A\ 
or pAi/E=Z41Z er k'/k)(10")§/Ze7, 








which agrees with Eq. (11). Thus the astonishingly large 
value of sound pressure reported by the earlier writers in 
their numerical example, appears to be due merely to an 
arithmetical error. 


4 Derived from reference 3, Eq. (129), p. 99. 
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Measurement of Speed Fluctuations in Sound Recording 
and Reproducing Equipment 


EpWARD W. KELLOGG AND ADOLPH R. MORGAN, Engineering Department, Research Division, 
RCA Manifacturing Co., Inc. 


(Received January 9, 1936) 


High quality reproduction of recorded music is possible 
only if the speeds of recording and reproducing machines 
are maintained constant within very narrow limits. As 
improvements are made in these machines greater refine- 
ment in measurement of the variations is required in order 
that the progress may continue. The development of an 
improved ‘‘Wow-meter” for such measurements is de- 
scribed, and various alternative schemes are discussed. 
The securing of a standard record, itself sufficiently free 
from imperfections, presents one of the most serious diffi- 
culties. For testing turntables a toothed steel wheel was 
built, in which special precautions were taken to minimize 
indexing and other possible errors. The current generated 


PREVIOUS Wow EQUIPMENT 


N the developments of the last few years, 
directed toward improving sound reproduc- 
tion, the stroboscope was one of the first means 
employed to measure speed variations, or 
’* in the machines. The stroboscope, 
however, is a means of observing phase changes 


“wows,” 


rather than of directly observing speed changes, 
and since if the rate of fluctuation is high, 
considerable speed changes can occur with very 
small phase shifts, a stroboscope fails to show 
such variations adequately. Moreover, through- 
out a considerable range of wow frequency (or 
rate of repetition of the cycle of speed fluctua- 
tion) the harmful effect is about proportional to 
the changes in speed. Hence the stroboscope 
would not give a satisfactory over-all picture of 
the result even if it could be made capable of 
showing rapid wows. 

One of the first wow meters constructed by any 
RCA associated engineers was designed by M. S. 
Mead of the General Engineering Laboratory 
in Schenectady for testing film sound repro- 
ducers. A 3000-cycle film was recorded and 
used to test the reproducers. The degree of 
perfection of the 3000-cycle record was checked 


“ce 


* The term ‘‘wow” has become current among engineers 
concerned with sound equipment, to describe such speed 
fluctuations. 
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by means of this wheel is supplied to an electric circuit so 
arranged that variations in frequency cause deflections of 
a galvanometer, which are registered on a photographic 
film. The principle employed, namely, a resonant circuit 
slightly off tune, has been used in earlier devices. In the 
meter described a push-pull arrangement has been adopted 
to reduce the likelihood of errors due to variations in volt- 
age. A frequency meter of this type has certain inherent 
limitations in its ability to register very rapid fluctuations. 
Certain measures have been adopted to make the meter 
satisfactory in this respect, and the possibility of going 
further in this direction if necessary is given consideration. 


by folding the film back upon itself and ob- 
serving any drifts in phase. It was found possible 
with some of the better recorders to obtain a 
film in which phase shift was practically unob- 
servable in a length of 6 to 8 feet or more. 
This check of a recording showed that there were 
no slow wows, but was inadequate for testing the 
more rapid ones. The 3000-cycle current from 
the reproducer under test was amplified and 
applied across a multiple tuned circuit, tuned to 
a slightly different frequency. The voltage across 
the tuned circuit increases rapidly as the applied 
frequency approaches the frequency for which 
the circuit is tuned. A rectifier and galvanometer 
served to measure the voltage across the tuned 
circuit. 

A wow meter employing the same principle 
was built by Mr. H. E. Roys of RCA Victor for 
use in testing phonograph turntables and has 
been in use several years. This wow meter em- 
ploys a 1000-cycle record. A special oscillograph 
is provided which makes a photographic record 
of the speed fluctuations. The galvanometer 
employed is like that used in the G. E. electro- 
cardiograph. Several records were cut on one of 
the best available turntables. A check on the 
quality of the tone records was obtained by 
playing them on the same turntable on which they 
were cut. Wow indications of the order 0.3 
to 0.5 percent were obtained on this test. 





E. W. KELLOGG 


DEFINITION OF “PERCENT Wow” 


It has been customary in the RCA laboratories 
to state the magnitude of a speed fluctuation, 
or wow, as the difference between the highest 
and the lowest speed, in percentage of the aver- 
age speed. In some laboratories the term percent 
wow or percent speed fluctuation is used to mean 
maximum deviation from average, in percent of 
average. Thus, a given turntable which we rate 
as having 1 percent wow would be rated by 
others as having only 0.5 percent to perhaps 
0.7 percent wow, depending on the degree of 
asymmetry of the oscillogram. It seems to us 
that the total range is more significant than the 
deviation in one direction or the other from 
average, and throughout this paper we shall 
continue to use this definition of percent wow. 
The difference in definition should be borne in 
mind when comparing statements of perform- 
ance. The difference is simply one of reading the 
meter or stating the result and has nothing to do 
with the scale calibration, which is a simple 
percent frequency scale, showing a short range 
above and below 100 percent. 


DIFFICULTIES WITH Wow METERS AND RECORDS 


The wow meter described above, with pressings 
of 1000-cycle records, has been of the utmost 
usefulness in checking commercial phonograph 
turntables, but in attempting to use it to check 
film sound reproducers, we found that serious 
errors were introduced by changes in the voltage 
output from the film. These fluctuations in 


voltage output cause the galvanometer to 
deflect, even if the frequency is constant, and 
although the wow meter may be many times 
more sensitive to a given percentage fluctuation 
in speed than to the same percent fluctuation in 
voltage, the problem becomes serious in view of 
the fact that it is desired to measure wows as 
small as 0.1 to 0.2 percent in spite of voltage 
fluctuations which may reach 10 percent or more. 
As will be explained in more detail, a wow meter 
employing two tuned circuits, one tuned below 
the mean or carrier frequency and the other 
tuned above it with the galvanometer current 
depending on the difference between the voltages 
across the two tuned circuits, is much less sensi- 
tive to voltage fluctuations than the simple type. 
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Such a push-pull circuit was tried and proved 
much more satisfactory from this standpoint. 

In the course of studying various types of 
turntable drives in the effort to find means of 
providing more nearly constant speed, the 
limitations of the thousand cycle record itself 
were found to be serious. Although a perfect 
reproducing turntable was not available, several 
turntables being tested were at least in the class 
with the recording turntable on which the tone 
records had been cut, and further study of the 
performance of these higher grade turntables 
demanded a more nearly perfect standard re- 
cord. 

An arrangement was tried by Dr. E. A. 
Uehling which canceled out some of the record 
imperfections. He employed two pick-ups 180 
degrees apart on the record, used two separate 
wow meters and made simultaneous oscillograms 
on the same film, using two galvanometers. A 
curve showing the average deflection at each 
point, determined from the two photograph 
traces was taken as the actual wow record. This 
was a somewhat tedious operation, but (assuming 
the two pickups and circuits to be balanced) it 
served to cancel the record wows of fundamental 
or once per revolution frequency. 

Turning the record around to a new position 
on the reproducing turntable and taking a new 
oscillogram should constitute a means of elimi- 
nating a large fraction of the record errors, 
provided the centering of the record could be 
maintained. In order to determine the actual 
reproducing speed fluctuations, it is necessary to 
provide a time signal so that the several oscillo- 
grams can be brought to coincidence with 
reference to the position of the reproducing 
turntable. The curves can then be averaged. In 
tests of a good reproducing turntable by this 
method, much of the indicated wow was found 
to be in the record. The process was of course 
quite tedious. 

Various pressings from the 
showed considerable variations. Lack of flatness 
was suspected, but special tone arm construc- 
tion in which the horizontal pivot was in the 
plane of the record did not cure the trouble. 
The wows which came from the pressing were 
therefore attributed in part to unequal shrinkage 
of the shellac in cooling. A metal record was 


same master 








yn 
W 
i- 
rs 
be 
ial 


ter 
PSs 
1c- 
he 


le. 


=i 








made from the same master but this also was not 
sufficiently free from imperfections. 

A recording turntable can be tested by cutting 
a soft wax and reproducing with a wax playback, 
but unless the wax is rotated with respect to the 
turntable or the playback located differently 
from the cutter, most of the wows due to im- 
perfections in the driving gear would be canceled. 
The wax has to be recentered every time it is 
turned to a new position and the process of test- 
ing is tedious. A soft wax should be free from 
the distortions in a shellac pressing, but in any 
case this method of test is not. generally ap- 
plicable. 

In view of the difficulties encountered with 
any form of grooved record, it appeared desirable 
to attempt to obtain some other form of record 
which might be made with sufficient precision to 
practically eliminate wows due to the record. 
Two forms were considered: (1) an optical tone 
wheel, and (2) a magnetic tone wheel or toothed 
iron disk. 

TONE WHEEL 
Optical tone wheel as a possibility 


In view of its possible interest, mention will 
be made of a scheme which we considered for 
making an optical tone wheel. In any tone wheel 
it is necessary that one revolution shall cor- 
respond to a whole number of cycles. If the disk 
is driven by a synchronous motor and an oscil- 
lator locked in by means of a multivibrator, it 
should be possible to record a whole number of 
cycles per revolution, but it might not be found 
convenient to make the number come out with 
the exact value desired. The following plan ap- 
peared to be the most promising. The exposing 
light would be interrupted by a disk, with a 
suitable number of holes or teeth, which would 
be mounted on the motor shaft, while the record 
disk would be driven at much lower speed, 
through gearing, with a suitable filter. The gear- 
ing ratio and number of perforations in the 
light interrupting disk would be so chosen that 
the correct number of light impulses per revolu- 
tion would be received by the record disk, but 
the motor would not make a whole number of 
revolutions. During the next revolution of the 
record, exposures would be made at the same 
points on the record, but the gearing relations 
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and the indexing of the interrupting disk would 
be different. This corresponds to the well-known 
“hunting tooth” principle of gearing design. 
The illumination would be so adjusted that 
complete exposure of the record disk would 
require 10 or more revolutions; in other words, 
each tooth (exposed area) would be the result 
of some 10 or more exposures in which variations 
in gearing would be averaged out. 

The set-up for making such an optical tone 
wheel would involve considerable mechanism 
but would not call for precise construction. The 
disk could be driven at high speed and the effec- 
tiveness of filtering thereby insured. Disks could 
be readily duplicated. For another purpose 
glass disks with photographic coating have been 
obtained from the Eastman Company with 
accurately bored center holes and flat to within 
0.005 inch. 

The reproducing system to go with such an 
optical tone wheel would preferably send light 
through at a number of points around the 
periphery, in order to minimize imperfections 
of centering, inequalities in photographic density, 
and lack of flatness. 

The principal drawback with the optical 
tone wheel is the elaborate reproducing system 
required and the fact that the record (12-inch 
disks contemplated) would have to be raised 
probably at least 3/4 inch off the turntable, in 
order to pass light through. 


MAGNETIC TONE WHEEL 


A magnetic tone wheel has the advantage of 
providing relatively large output and has an 
extremely simple reproducing system. It was 
decided to build a magnetic tone wheel, employ- 
ing all the refinements that are at our command 
to insure accurate indexing, and furthermore to 
provide (as will presently be described) means 
for partially averaging out whatever indexing 
errors are present. 

The work was done on an especially high grade 
indexing head. It is graduated in degrees, 
minutes and seconds. To give a 1000 cycle-note 
when running at 78.3 r.p.m., the wheel should 
have 768 teeth. The cutting would obviously 
require a number of days and temperature varia- 
tions might readily cause displacement of some of 
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the teeth. The principal temperature variation 
which was feared was expansion of the shaft of 
the cutter. In order to minimize this, a small 
detachable spindle having a shaft only 2 or 3 
inches long was clamped to the bed of the divid- 
ing head, and the milling cutter was driven by a 
belt. In order that wear of the cutter might not 
result in a different shaped or sized tooth on one 
part of the disk than another, at the suggestion 
of the machinist the cuts were not made in 
direct sequence but jumped around in such a 
way that the work was not complete until the 
head had been turned through a good many 
revolutions. 

It was anticipated that not only might im- 
perfections in the main gear of the indexing head 
cause errors in tooth spacing, but inequalities 
in the magnetic properties of the steel, due to 
direction of rolling or variations in annealing 
conditions, might cause changes in output as the 
various parts of the wheel travel before the 
reproducing point. Some cancelation of these 
effects is obtained by placing pick-up magnets at 
two points diametrically opposite. As a further 
measure for averaging out inequalities, the 
toothed wheel was built up of 5 laminations of 
0.025-inch steel. The sheets were annealed 
before cutting. They were bolted together be- 
tween two rings of 1/8-inch steel by means of 
24 bolts, on a circle well back of the teeth. The 
stack was accurately turned to the desired inside 
and outside diameters, and the teeth cut. In the 
final assembly the laminations were turned, 
each 5/24 revolution with respect to its neighbor, 
a reference notch and hole having been made in 
the stack as machined. Fig. 1 shows the distri- 
bution of the points of appearance of a given 
tooth (as cut) in the several laminations. Since 
each tooth acts in reproduction at two points, 
180° apart, the effect of any irregularities in any 
given tooth is registered 10 times in the course 
of a revolution and the magnitude of the effect 
is divided by 10, as compared with what it would 
have been with a single pick-up point and 
unshifted laminations. 

To support and clamp the steel laminations 
and to protect the teeth, an aluminum wheel 
and clamping ring were provided. This was 
made as light as thought consistent with ade- 
quate insurance of maintaining the flatness of the 
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Fic. 1. Effect of shifting laminations. Numbers show 
where a given tooth as cut would appear in the successive 
laminations. Points show distribution of times when a 
given tooth as cut would be under one or the other pick-up 
magnet (180° apart). 


stack. The annular laminations fit snugly over 
a shoulder on the supporting wheel. A centering 
hole to fit the 0.280-inch standard 
centering pin was provided. 

The tone wheel is 12.5 inches in diameter and 
the resulting tooth pitch is about 0.051 inch, 
which has been divided into 0.021-inch tooth 
width and 0.030-inch space. To work with teeth 
any finer than this would call for small clearances 
between magnet and wheel, and would give low 
output even with the smallest air-gaps considered 
feasible. It was also very desirable to avoid the 
expense of cutting another disk with still more 
teeth for use in testing 333 r.p.m. turntables. 
It was therefore decided to make the electrical 
frequency-meter operable at either 1000 or 
426 cycles, so that the same tone wheel could 
be used. 


record 


It should be mentioned at this point that the 
possibility of heterodyning the reproducer (or 
tone wheel) signal with a steady signal to give a 
specified sum or difference frequency was con- 
sidered. This system, although practical, was 
rejected because of the extra factor that must be 
adjusted correctly each time a measurement is 
made. Also, if any radical frequency corrections 
were made by heterodyning, the wow meter 
calibration would be affected. The apparent per- 
cent wow would need to be corrected in the ratio 
of the normal frequency (for which the meter is 
calibrated) divided by the frequency actually 
produced by the tone wheel. 
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Reproducing magnet system 


For reproduction a magnet system such as 
shown in Figs. 2 and 3 was designed. The mag- 
netic flux from either pole of the permanent 
magnet enters the wheel alternately through the 
two projections on the pole piece, each projec- 
tion being provided with three teeth of the same 
angular pitch as the teeth on the wheel. This 
provides a push-pull effect in a single pole piece, 
and there are in all four such push-pull units. 
A given tooth on the wheel therefore operates 
eight times, 3 cycles each, per revolution. There 
is thus some averaging effect in addition to that 
obtained by staggering the laminations and 
employing two pick-up points. 

It was originally planned to carry the station- 
ary magnet systems from the table or motor- 
board. A bridge was provided, on the opposite 
ends of which the two magnet systems were 
mounted, thus fixing their distance apart, but 
not locating them relative to the wheel, nor 
insuring equal air gaps at the two ends. In 
attempting to work with this arrangement we 
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Fic. 2. Pole piece adjustments. 
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Fic. 3. Tone wheel and magnetic bridge. 


found the outputs of the two units so sensitive 
to air-gap distance that the least eccentricity 
in the tone wheel produced large effects, and the 
pull of the magnets made it extremely difficult to 
position the stationary member and keep the 
tone wheel centered. Increasing the air gaps 
reduced the troubles, but the arrangement was 
still impractical and extremely difficult to adjust. 
It was therefore decided to attempt to make the 
magnet bridge self-centering. An accurately 
centered spindle was mounted permanently on 
the tone wheel and the bridge or connecting bar 
was provided with a bearing sleeve which slipped 
over the spindle. 

The centering spindle and bearing proved 
very satisfactory. Setting up the wheel and 
magnets for operation is now a simple matter, 
and performance is not critical to accurate 
centering of the tone wheel on the turntable. 
The centering bearing is as close to the plane of 
the tone wheel as is practically possible, in 
order that any wobble due to possible imperfec- 
tion in the alignment of the spindle might pro- 
duce the minimum effect on air-gap length. The 
bearing friction is a negligible factor, being very 
small compared with the drag of a needle on a 
record. A sleeve bearing was chosen in preference 
to a ball-bearing since it is less likely to produce 
vibrations. 

In spite of the most careful workmanship, the 
possibility of slight spindle eccentricity must be 
considered. The output of the magnetic wheel 
falls so rapidly with increased air-gap length that 
the least imperfection in the centering of the 
spindle causes large relative changes in output. 
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Eccentricity in the centering spindle results in 
the two opposite units alternating in high and 
low voltage. There is also a shift in the relative 
phase of the voltages produced by the two mag- 
net systems. In order to reduce the fluctuations 
in voltage it is necessary (although at a cost of 
considerably reduced output) to work with the 
largest practicable air gaps. In this case a gap of 
0.020 inch each side is allowed. 

The changes in relative phase of the two volt- 
ages, due to spindle eccentricity, does not result 
in a wow or frequency change so long as the 
voltages are of equal magnitude; neither would a 
change in the magnitudes of the voltages (first 
one and then the other becoming larger) result 
in a wow if the two voltages were accurately in 
phase, but wows are produced if these conditions 
are not met. It is therefore important to adjust 
the magnet systems to give the same average 
voltages and to have these voltages, as closely as 
possible, in phase on the average. The magnet 
system is so designed that the air-gap lengths can 
be individually adjusted, and the two opposite 
units can be shifted circumferentially by means 
of adjustment screws which can be turned while 
the wheel is in operation. The phase and the gap- 
length adjustments are substantially independ- 
ent of each other. Good balance can thus be at- 
tained without difficulty. A cathode-ray tube 
with the voltage from each pick-up connected to 
one pair of the deflecting plates serves as an 
excellent means of observing phase and magni- 
tude changes. When these adjustments have 
been correctly made the degree of cancellation of 
errors due to spindle eccentricity is of a high 
order, and it has been noted that wobble which is 
sufficient to be quite noticeable to the eye pro- 
duces no observable registration. 

In setting up the tone wheel on the turntable to 
be tested it is practically impossible to avoid some 
eccentricity of the wheel with respect to the turn- 
table spindle. Ideally, the bridge carrying the 
two magnet systems should be maintained paral- 
lel to itself or in other words have no component 
of rotation. If one end of the bar is blocked, any 
eccentricity will cause rotation of the bar. The 
resulting apparent wow will be of rotation fre- 
quency and its magnitude can be readily calcu- 
lated. For example if the center of the magnet 
bridge moves in a circle of 0.005-inch radius, and 
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the end of the bridge (about 7 inches from the 
center) is blocked, the resulting wow is 0.14 per- 
cent. It should not be difficult to center the 
tone wheel considerably closer than this, so as to 
make the error small enough to neglect, but if 
in any special circumstances, sufficient reduction 
of eccentricity is difficult, the error may be re- 
duced by clamping a stick or bar to the bridge 
and locating the anchorage point farther from 
the center. A parallel motion linkage could of 
course be designed, but is hardly necessary. 

A photograph of the finished tone wheel is 
shown in Fig. 3. 


Difference between tone wheel and record tests 


Were it possible to obtain a perfect disk 
record it would of course be used, since it more 
closely duplicates actual The tone 
wheel testing is more appropriate for a recording 
turntable than for a reproducing turntable. As 
compared with an equally good record it differs 
in the following respects: 


service. 


(1) Its moment of inertia is greater than that of a record 
(but somewhat less than that of a 12-inch recording 
wax). 

(2) There is practically nothing to correspond to needle 
drag. 

(3) The tone wheel is less sensitive to vibration than a 
record and pick-up. 


Numerous tests of the effect of adding moment 
of inertia to a phonograph turntable have indi- 
cated that although it may alter the nature of 
the wows it rarely materially alters their magni- 
tude. This is because the added moment of 
inertia is not in general sufficient to result in a 
filter with a cutoff frequency lower than that of 
the principal disturbing forces, and under these 
conditions a filter is of little help. As previously 
stated, the tone wheel is as light as was con- 
sidered practical. Its moment of inertia is small 
compared with that of the special turntables 
designed for recording, transcription, etc. 

The needle drag on a constant note record is 
not representative of actual service, since in 
playing a musical composition the drag is altered 
by the amplitude of cut. The effect of this factor 
is readily checked. If a hole about 13 inches in 
diameter is cut in the center of a musical record 
it can be placed over the tone wheel and a 
pick-up placed on it. In tests to date we have not 


——<- LS ce ay Naat | 





eX 
fir 
m 
W 
cc 
of 
fl 


fli 
cy 
in 


dt 


to 


VE 
ar 





eee 


SPEED FLUCTUATIONS 
found any measurable effect from the irregu- 
larities in needle drag. 

The tone wheel and its associated magnets are 
decidedly sensitive to vibrations, although less 
so than a pick-up on a record. In the case of the 
pick-up, transverse vibrations may modulate 
the reproduced voltage as well as adding a volt- 
age of their own frequency, while vibrations 
parallel to the tone arm produce wows. Inas- 
much as the purpose of the wow meter is to 
study the performance of motors and driving 
systems, and there are other ways of observing 
vibration, it is not felt that its relative im- 
munity to vibration is a serious criticism of the 
tone wheel; in fact, for the purpose of isolating 
the properties of the motor and driving system, 
it is an advantage. 


FREQUENCY METER 


When a constant tone record is reproduced on 
a reproducer having wows, a signal is produced 
whose frequency varies about an average value. 
In other words a frequency modulated tone is 
obtained. 

The measurement consists then, 
essentially, of demodulating the frequency modu- 
lated tone and observing the amplitude of the 
modulation. In this work the frequency modu- 
lated tone is converted to an amplitude modu- 
lated tone, and then demodulated. 

The conditions of operation dictated, to a large 
extent, the items which were incorporated in the 
final model of the frequency meter. As before 
mentioned it was desirable to use the same tone 
wheel for both 78 and 333 r.p.m. turntables, 
consequently the meter must operate on a carrier 
of either 1000 or 426 cycles per second. Some 
fluctuations must be expected in reproduced 
voltage, so the meter must be insensitive to such 
fluctuations. Wow frequencies of the order of 100 
cycles per second would probably be encountered 
in measurements on sprocket driven film repro- 
ducers; therefore the meter when operating at 
1000 cycles must have a wow frequency response 
to at least 100 cycles per second. 


of wows 


One of the simplest types of circuit, for con- 
verting a frequency modulated carrier to an 
amplitude modulated carrier and demodulating, 
is shown in Fig. 4. It consists of a parallel 
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Fic. 4. Simple system for measuring frequency variations. 
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Fic. 5. Push-pull system for measuring 
frequency variations. 


resonant arm which is tuned so that carrier 
frequency will fall above or below the resonant 
frequency. This arm is followed by a conventional 
type of detector. Such a circuit lacks sufficient 
discrimination between fluctuations in frequency 
and voltage. 

A large part of the sensitivity to voltage 
changes is eliminated in the push-pull type of 
circuit, shown in Fig. 5, which uses two of the 
simple circuits described above. One of the cir- 
cuits is tuned above and the other below the 
carrier frequency. 

The advantage of the push-pull type of circuit 
over the single circuit is readily seen when it is 
pointed out that in the single circuit the output 
is proportional to the resonant arm voltage, 
while the output of the push-pull circuit is pro- 
portional to the difference of the two resonant 
arm voltages. 

Fig. 6 shows in simplified form, the general 
circuit arrangements. 

The resonant arms were designed to operate at 
1000 or 426 cycles per second, the proper fre- 
quency being selected by the throw of a switch. 

A pentode, biased by means of a diode rectifier 
was se'ected in preference to a detector system 
depending on plate rectification. Rectification by 
means of a diode in the grid circuit of the output 
tube, with filtering between, as compared with 
plate rectification, has the advantages of giving 
a more nearly linear characteristic and of enabling 
a given output tube to provide a greater current 
change without overloading. The push-pull or 
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Fic. 6. Schematic diagram of frequency meter. 


full wave rectifier arrangement enables the de- 
tector more accurately to follow rapid fluctua- 
tions of resonant arm voltage. This advantage is 
secured by utilizing both halves of the wave for 
rectification. The push-pull rectifier has the 
added advantage of doubling the carrier fre- 
quency, which is an aid to the subsequent 
suppression of the carrier. 

A low pass filter, designed to pass the wow 
frequencies and eliminate the carrier frequency, 
is placed between the output tubes and indicating 
meter. 

The plate supply is obtained from a regulated 
power unit, developed by Mr. A. W. Vance of 
RCA Manufacturing Company, which in addi- 
tion to providing a plate supply of constant volt- 
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Fic. 7. Resonance curves, 1000-cycle range. Filter and gal- 
vanometer disconnected. Constant input to wow meter. 


age independent of considerable fluctuations in 
the 60 cycle supply, is free from ripple and has an 
extremely low output impedance. 

Figs. 7 and 8 show the plate currents of the 
two output tubes as functions of frequency. The 
galvanometer current is proportional to the 
algebraic difference between the two _ plate 
currents. 

The response of a frequency meter of this type 


may be adequately judged by tuning curves 
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Fic. 8. Resonance curves, 426-cycle range. Filter and gal- 
vanometer disconnected. Constant input to wow meter. 
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Fic. 9. Side-bands produced by changes in frequency. 


taken under steady state conditions, such as 
illustrated in Figs. 7 and 8, provided the fluctua- 
tions in frequency take place very slowly. If the 
fluctuations occur rapidly the meter may fail to 
show their actual magnitude. When it is recalled 
that the full voltage across a tuned circuit is not 
developed until a certain amount of energy is 
stored and that this may require a number of 
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Fic. 10. Response of meter as affected by 
the wow frequency. 


cycles, it will be realized that such a loss of 
response to rapid wows is to be expected. For the 
purpose of calculating the response at’ any 
specified wow frequency it is necessary to con- 
sider the frequency modulated signal as con- 
sisting of a carrier of fixed frequency plus a 
multitude of side bands that differ from the 
carrier by integral multiples of the wow fre- 
quency. The amplitudes of the side bands vary 
with both the wow frequency and the wow 
amplitude. Fig. 9* shows the amplitudes of the 
carrier and first, second and third order side 


* Reproduced from ‘“‘Radio Engineering” by F. E. Ter- 
man, by courtesy of McGraw-Hill Co. 
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Fic. 11 (Upper). Examples of oscillographic wow records. 
Fic. 12 (Lower). Experimental turntable. 
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Fic. 13. Complete wow meter. 


bands as a function of the ratio, wow amplitude 
(expressed in cycles per second) divided by the 
wow frequency. This ratio is equal to the total 
phase shift in radians, which the signal undergoes. 

In order to obtain full response for a wow of 
any specified frequency all of the side bands must 
fall within that part of the tuning range which 
can be represented by a substantially uniform 
slope in the steady state characteristic. Rapid 
loss of response occurs if any of the major side 
bands fall on the other side of the peak of a tuning 
curve. It is therefore important that the operat- 
ing frequency should not be too close to the 
frequency of maximum response for either tun- 
ing, and this condition can only be secured at 
some cost in sensitivity. The employment of a 
high pass and low pass filter would have some 
advantage over two simple tunings from the 
standpoint of responding to rapid wows, but 
(particularly in view of the necessity of operating 
at either of two frequencies) the complication of 
employing filters did not seem warranted for the 
present purpose. The design adopted is ad- 
mittedly a compromise between the desirability 
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of moderate simplicity, and ability to respond to 
the most rapid frequency fluctuations. In most 
turntable work the most rapid wows of serious 
magnitude are likely to be of the order of 30 per 
second, produced by vibration at the rotation 
frequency of the driving motor. In film apparatus 
the most important rapid wows are usually of 
sprocket hole frequency (96 per second). The 
1000-cycle carrier would be employed for films. 
Fig. 10 shows the manner in which the response 
decreases as the wow frequency is increased. It 
will be noted that for 426 as well as 1000-cvcle 
operation, the response holds up quite well to 30 
cycles, and with the 1000-cycle carrier, there is 
practically full response at 96 cycles. The effect 
of altering the magnitude of the wow is illustrated 
in the comparison of curves 1 and 2 of Fig. 10. A 
greater relative loss of response to rapid wows 
might be expected for wows of much larger 
magnitude but this would be off the scale of the 
present meter and it has not been thought 
necessary to be able to measure large wows with 
any great precision. 

Fig. 11 illustrates the form of record made by 
the wow-meter. In general we find that, although 
visual observations on the screen are useful, the 
eye misses some of the extreme swings, and a 
photographic record covering several seconds is 
desirable for telling a more complete story of the 
performance of the machine under test. 

Fig. 12 shows the oscillographic wow records 
made, first using a shellac pressing of a 1000-cycle 
recording, and then with the magnetic tone 
wheel, both being tested on a laboratory tone 
wheel of very high inertia and a minimum of 
vibration or other disturbing elements. 

Fig. 13 shows the wow meter, with its cabinet, 
in which the tone wheel and other accessories 
are stored. 
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A Technique for Studying the Efficiency of Panel Damping Materials 


J. S. PARKINSON AND P. O. YounG, Johns- Manville Research Laboratories, Manville, N. J. 
(Received December 24, 1935) 


N various applications, as in the body panels 

of an automobile, special types of material 
are employed to reduce vibration. Such materials 
are usually cemented to the panel in question, 
and by restricting its motion when driven by 
vibratory forces, reduce the sound energy 
emitted. These materials are also used in the 
housing of noisy machinery and on the exterior 
of ventilating ducts. However, by far the largest 
buyer is the automotive industry. 

With the wide-spread use of such materials, 
the problem of measuring and rating their 
efficiency became important. The only method 
of rating practiced by the automotive industry 
was the so-called “knuckle” test, in which the 
materials were cemented to corresponding panels 
and their efficiency judged by the amount of 
sound given off when the panels were sharply 
rapped with the knuckle. No exact method of 
physical testing existed. 

The first question to be answered was what 
physical quantity governed the efficiency of 
these materials. Upon examination of the prob- 
lem, it appeared obvious that the internal 
resistance was the quantity to be determined. 
Changing either mass or stiffness produced 
principally a change in the natural frequency of 
the panel. Where the driving frequencies varied 
as widely as in the automobile, such a change in 
the natural frequency was as likely to be harmful 
as to be helpful. There are indeed a number of 
cases on record where increasing the stiffness 
of panels actually did make matters worse, 
and similar where adding 
definitely injurious. However, by 


cases mass was 
sufficiently 
increasing the internal resistance of a system, it 
is possible to reduce the response for all driving 
frequencies. It is true that all damping materials 
likewise add weight; this effect is discussed later. 

The most obvious method of test was to take 
a sheet of steel of approximately the size and 
weight of a typical body panel and subject it to 
a driving force of known frequency and ampli- 
tude. A flat sheet was accordingly selected, 
24” X30’, approximately 0.040’ in thickness. 
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Various methods of driving were tried: The 
sheets were clamped in a frame and driven by an 
electromagnet at the center, and again by a 
vibration driving unit from the edges; in another 
experiment they were supported at the four 
corners on pointed rods which were driven by the 
driving unit, and in another case they were 
hung from wires at the corners and the vibrating 
force applied to the wires. In each case it was 
found that the driving force could not be ac- 
curately controlled and that the driving unit 
itself gave off so much sound that the micro- 
phone failed to distinguish the vibration of the 
sheet. An attempt was made to measure the 
vibration directly with a vibration velocity unit 
whose point was applied to the sheet, but it was 
found that no matter how this unit was applied 
the frequencies and amplitudes of the sheet were 
affected. 

The failure of these various experiments 
indicated that it might be desirable to measure 
the damping or internal resistance of the sheets 
more directly, and use these figures as a basis 
for judging the probable merit of the materials 
in actual use. It should be noted at this point 
that it was only after the failure of repeated 
attempts to reproduce field conditions that a 
different method was adopted. Further, in the 
selection of the final test method, the measure- 
ment of the internal resistance was made the 
basic objective, in order that the same order of 
results could be expected when the product was 
subjected to field conditions. 

The method finally selected was a simple 
adaptation of the “knuckle’’ test under ac- 
curately reproducible conditions. The sheet was 
clamped rigidly between a pair of heavy iron 
frames faced with wood on the clamping surfaces. 
Twenty thumbscrews distributed around the 
edges of the frame were used to maintain a 
constant pressure, each screw being tightened 
as far as was possible by hand. It was found that 
a carefully planed wooden surface gave more 
intimate and continuous contact than the 
metal. The greatest care had to be exercised to 
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be sure that the same pressure was applied at 
all points. When these precautions were not ob- 
served the sound given off by the sheet was com- 
plex in character and difficult to analyze. 

The frame containing the sheet was then sus- 
pended by ropes from the ceiling of the “quiet”’ 
room of the laboratory. This room is completely 
insulated from exterior sounds, and all walls, 
floor, and ceiling are treated with six inches of 
acoustical treatment. Reflection from the in- 
terior surfaces has been practically eliminated 
and intensity pattern effects have been reduced 
to a minimum. The sheet is given a shock im- 
pact by a ball swung pendulum fashion to 
strike the center of the sheet. Several types of 
balls were tried for this purpose, steel, wood, 
cloth covered, and leather covered. The ball 
finally selected was a standard league baseball. 
This ball gave off no sound itself upon impact, 
and minimized spurious harmonics in the sheet. 

An interesting fact was noted in the case of 
untreated sheets, with and without mounting 
frames. When no frame was used, impact caused 
a sound like that of a cymbal—a crash. When the 
same sheet was screwed fast to a wooden frame, 
the character of the sound seemed changed. 
However, the initial intensity of the sound was 
altered less than 2 db in any frequency band. 
The fact that the ear appeared to observe a 
decrease in the amount of sound generated 
when the sheet was attached to the wooden 
frame seems due only to the fact that the sound 
was of shorter duration. In other words, the 
ear judged the noise ballistically. 

The measurement and analysis of the sound 
given off from the sheet was accomplished in two 
ways. A microphone was placed approximately 
six inches from the sheet on the opposite side 
from the impact. The energy received by the 
microphone was first analyzed for frequency 
distribution by a series of band pass filters and 
read upon a sound level meter. The maximum 
throw of the meter was used. This meter attains 
full scale reading in approximately 0.3 second. 
The sounds themselves last from 1 second to 10 
seconds, depending on the nature of the treat- 
ment. (This is based on full microphone and 
meter sensitivity.) The second method of meas- 
urement employed an oscillograph record of the 
sound made with a motor-driven camera. From 
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this record was obtained the natural frequency of 
the panel and the rate of decay of the vibration 
or logarithmic decrement. 

In more recent modifications of these tests a 
wooden ball wrapped in cotton flannel has been 
substituted for the baseball in impact frequency 
analyses, the baseball being preserved in the 
determinations of the decrement. It was felt 
that the flannel wrapped ball more accurately 
reproduced the type of impact produced by the 
knuckles. 

It has been found that the point of impact and 
the force of impact of the ball are not critical. 
Microphone position can be varied considerably 
without changing the results. The most im- 
portant requirement is that the steel sheets shall 
be exactly alike and that the clamping at the 
edges shall in all cases be identical. 

Fig. 1 shows the arrangement of the apparatus 
for the test. Fig. 2 is a photograph of the interior 
of the “quiet room” showing the clamping 
frame and some of the other apparatus. In actual 
practice, as stated, the microphone is placed on 
the opposite side of the sheet, and the observer is 
stationed in another room. 

Figs. 3, 4 and 5 present typical oscillograph 
records of the sound given off by the sheet upon 
impact. Fig. 3 is taken from an untreated sheet, 
and the other two are for treated panels. Fig. 4 
shows a condition representative of most com- 
mercial treatments, and Fig. 5 a much more 
efficient treatment specially devised for damping 
purposes. At the edge of each film is a 60-cycle 
timing wave used in determining frequency. 

The logarithmic decrement is measured from 
these records using the formula: 


6 =log, ((An41)/@n), 


—— a ee el 


———— ll A 





Wl 
ar 


Wl 
se 


fre 
te 
tic 
qu 
m 
th 
pl 
tit 
re 
of 


so 


ar 
re 
pr 


ro 
cu 
so 
or 
tit 
ha 


ap 
we 
Wi 
Cie 


all 


Mz 





TECHNIQUE FOR STUDYING 
where @,41 and @, are any pair of successive 
amplitudes on the same side of the axis. 

The internal resistance of the construction 
may be computed from the relation: r=2mk, 
where k=n6, m=mass, n=frequency. It will be 
seen that the damping coefficient k is directly 
proportional to the decrement as long as the 
frequency does not change. In most of these 
tests the mass and stiffness of the total construc- 
tion is not changed sufficiently to alter the fre- 
quency more than a few cycles, and the decre- 
ment accordingly gives an adequate index of 
the efficiency of the treatment. For a more com- 
plete representation, the term “vibrational decay 
time” has been used. This quantity is the time 
required for the vibration to die away to 1/1000 
of its original amplitude, or a reduction in the 
sound energy given off in any instant of one 
million times. 

The selection of this quantity was purely 
arbitrary. It has psychological value in that it 
represents a quantity which the ear can ap- 
preciate. In addition, it corresponds to the term 
used in describing the reverberation time in a 
room, where the period of reverberation is 
customarily taken as the time required for the 
sound intensity to decay to one-millionth of its 
original value. Since in many ways the two quan- 
tities are similar, this correspondence seemed to 
have a certain usefulness. 

It is obvious that when the same treatment is 
applied to different panels having different 
weights, shapes, or curvatures, the decrement 
will be different. However, the damping coeffi- 
cient is a quantity which should be common to 
all, and the relative efficiencies of these treat- 
ments as determined in this fashion should be 
applicable in all cases. This is a point which as 
yet awaits experimental corroboration. 

Table I gives the impact analyses correspond- 
ing to the oscillograph records of Figs. 3, 4 and 5. 
These figures correspond roughly to intensity 


TABLE I. Impact notse analyses corresponding to 
photographs in Figs. 3, 4 and 5. 











TOTAL 256- 2048- DECAY 
NOISE 0-256 2048 8192 TIME 
(db) (db) (db) (db) (sec.) 
Untreated Sheet 60 45 50 30 10.1 
Material A 52 37 37 15 7.7 
75 


Material B 46 32 26 0 0. 
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Fic. 2. Photograph of test panel mounted in ‘‘quiet” room. 


levels above a threshold of 107~!* watt, although 
no exact calibration was attempted. It will be 
noted that the greatest reduction occurs at the 
high frequencies, which is characteristic. The 
best of the treated sheets gave a reduction of 
14 db in the total noise intensity and more than 
30 db in the high frequency band. 

The question has been raised as to how closely 
these analyses of the noise of impact correspond 
with ear judgments. A series of experiments 
were designed to answer this question. Five 
panels were treated with damping materials of 
various degrees of efficiency, and a sixth was left 
untreated. These panels were hung in pairs in 
the quiet room and 16 observers were asked to 
estimate which treatment was more effective 
and how much difference there appeared to be, 
expressed in ratios or percentages. The sheets 
were presented in various combinations until 
relative judgments had been obtained on the 
whole series. This method of pairing was em- 
ployed in order to make the comparisons simpler 
for the observers. All observers except three 
were untrained in this work. Care was taken 
that the observers did not see the treatments, 
and no attempt was made to tell them what they 
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were to listen for other than the relative “‘noisi- 
ness’’ of the sheets. 

All observers rated the sheets in the same 
order. This order was in every case the order of 
the decay times, the sheets having the longest 
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decay time being judged the worst. It was 
likewise the same order as given by the total 
noise of impact. The results are shown in Table 
II. Sheet No. 1 was untreated. Column seven 
gives the average reduction in loudness as 
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Fic. 4. Material A. 





Fic. 5. Material B. 


estimated by the various observers. Column 
five gives the order of loudness reduction which 
might have been anticipated from the relation 
of loudness to loudness level contained in the 
A. S. A. tentative standards for noise measure- 
ment. In view of the fact that for any given 
pair of sheets the individual judgments might 
vary from two to twenty times in estimating 
the loudness reduction, the correlation between 
columns five and seven is quite good. 

The data were examined to determine whether 
the reduction at any frequency band showed a 
closer correspondence to the observers’ judg- 
ments than the total noise figures as used in the 
table. A similar degree of variation existed in all 
cases and no particular reason appeared for 
selecting any other figure than the total noise 
intensity level. 

The widest deviation occurs in comparing the 





untreated sheet with the poorest of the treated 
sheets. It seems to be characteristic that for low 
decrements and long decay times the ear judg- 
ments are least reliable. In general, however, the 
instrumental measurements appear to give 
results which will be corroborated by the ear. 
Fig. 6 shows the relationship between the 
total impact sound levels and the decrement. 


TABLE II. 





SOUND 
INTEN- LOUDNESS 
SITY REDUCTION 





DECAY AT OVER ESTIMATED 
SHEET DECRE- TIME IMPACT PRE- Rat- LOUDNESS 
No. MENT (sec.) (db) CEDING ING’ REDUCTION 
1 0.018 12.35 88 a 6 — 
5 .035 6.17 82 1.79 5 2.88 
2 .038 5.51 76 1.54 4 1.62 
3 .119 1.93 70 1.50 3 2.08 
4 187 4.22 67 1.32 2 1.76 
6 .204 1.12 1.12 1 1.05 
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+300 0.500 . 
LOGARITHMIC DECREMENT 


Fic. 6, Total sound pressure levels in decibels 
vs. logarithmic decrement. 


All panels here shown had approximately the 
same natural frequency. It will be seen that 
there is a fairly consistent correspondence. 

If we consider the damping as being the only 
factor reducing the noise, and as acting entirely 
against the velocity, we can draw a theoretical 
curve (the dotted line in Fig. 6) predicting what 
reductions in sound energy can be expected from 
a given increase in decrement. The parallel is 
obviously not perfect, but there is a striking 
similarity between the two curves for decrements 
below 0.100. Above this point, the reduction in 
noise does not increase as rapidly with increas- 
ing damping, possibly because the damping is 
not a linear function as the initial displacement 
is reduced. 

In Fig. 7 are plotted the decrements for 
various thicknesses of a homogeneous asphaltic 
material. The natural frequencies of the various 
constructions varied only slightly. It will be seen 
that the decrement increases with increasing 
thickness and that for thicknesses greater than 
+’ this increase becomes much more rapid. It 
was to be expected that the damping factor and 
hence the decrement would increase with thick- 
ness, since a larger number of fibers or particles 
are required to move. Likewise, it seems reason- 
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Fic. 7. Thickness treatment vs. logarithmic decrement. 


able that when considerable thickness has been 
attained, the outside fibers or particles suffer 
considerable change of position, so that the 
damping would increase markedly. This par- 
ticular curve, of course, holds for only one 
material, and is not necessarily typical. 


SUMMARY 


A method has been developed whereby the 
relative efficiency of damping materials may be 
determined. This method has been correlated 
with ear judgments and found to give satisfactory 
results. Materials are rated in terms of their 
logarithmic decrement when applied in a stand- 
ard manner to a standard steel panel, providing 
there is no significant change in the natural 
frequency. As a more general definition, the 
term “vibrational decay time’’ is proposed, 
which is the time required for the amplitude of 
the sheet or panel to decay to 1/1000 of its origi- 
nal value. 

Typical test results are given. It is shown that 
the decrement increases with thickness, the 
increase being more rapid as greater thicknesses 
are reached. The sound given off upon impact is 
shown to be related closely to the damping for 
decrements below 0.100. 
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The Transmission of Sound Through Sea Water. II* 


HERBERT GROVE Dorsey, Principal Electrical Engineer, U. S. Coast and Geodetic Survey 
(Received January 9, 1936) 


N a previous article under the same title,! the 
general method of hydrographic surveying as 
practiced by the U.S. Coast and Geodetic Survey 
was outlined and particular attention given to the 
application of sub-aqueous acoustics in such 
surveying with a discussion of the probable path 
of sound waves. In a continuation of the subject 
a brief resumé of the methods will be given to 
save referring to the original article unless more 
detail is desired. 

In hydrographic surveying it is essential to 
determine the position of the surveying ship for 
each depth measurement. A method of position 
fixing was developed by the U. S. Coast and 
Geodetic Survey in 1923, called Radio Acoustic 
Ranging or RAR. This method comprises the 
following procedure: A small amount of TNT is 
exploded in the water at regular intervals and the 
time recorded on a chronograph tape. The sub- 
aqueous sound then travels to two or more 
acoustic pick-ups, or hydrophones, the positions 
of which have been accurately determined by 
previous triangulation. The sound received in the 
hydrophones is amplified sufficiently to send out 
automatically a radio signal from each of the 
known locations and the radio signals are re- 
corded on the same chronograph tape. Having 
previously determined, experimentally, the ve- 
locity of sound in water for that particular 
locality, the measured time intervals on the tape 
enable the distances to be computed, from which 
the ship’s position can be calculated and plotted 
on the survey sheet. 

Difficulties are encountered, occasionally, in 
receiving the bomb signal, perhaps at only one of 
the hydrophone stations. For example, it may be 
received at a considerable distance, say 50 
kilometers, and not at 15 kilometers. Develop- 
ment of the area may disclose a shoal in front of 
the hydrophone station over which the sound 





* Publication approved by the Director of the U. S. 
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1 Dorsey, J. Acous. Soc. Am. 3, 428 (1932). 


from a distance seems to pass easily while the 
nearby sound is obstructed. 

To explain this effect, Dr. Jerry H. Service, 
who materially aided in developing RAR, pro- 
posed a hypothesis of sound propagation by 
multiple reflections between bottom and surface, 
whereby it could get over the shoal from a 
distance by a surface reflection above the shoal, 
while from a source near the shoal neither the 
direct nor reflected ray could pass over. This 
hypothesis is clearly set forth by Service in the 
Journal of the Franklin Institute, Vol. 206, 1928. 
Unfortunately, few of Dr. Service’s associates 
accepted his ideas at the time and the present 
writer was among those who believed the multiple 
reflection theory unnecessary and so stated in the 
previous article. 

Experiments have been conducted since the 
first article on this subject, however, which prove 
conclusively that in any body of deep water not 
having uniform temperature throughout, sound 
is transmitted to a distant point only by multiple 
reflections, as Service believed. It is to be re- 
gretted that he did not have available the time 
and apparatus with which to make further tests 
which would have then proved his theory beyond 
doubt. 

It might be well to point out that it is ex- 
tremely difficult to make these experiments. In 
the first place, no definite funds are appropriated 
to the U. S. Coast and Geodetic Survey for 
experimental work of this nature. Furthermore, 
the work for each ship of this Bureau is definitely 
planned to accomplish certain surveying opera- 
tions in a given time. Since nothing more definite 
than general averages can be predicted as to 
weather conditions for the particular locality, the 
Commanding Officer of the ship must arrange his 
work so as to take advantage of all the good 
weather in which to do his regular hydrographic 
surveying. It might be concluded that if any time 
is left after this, before the weather gets too 
stormy towards the end of the season, the ship 
may devote a day or two to experimental work. 
However, it is generally necessary that two ships 
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cooperate in the experiments, which must be 
planned accordingly to fit all the exigencies of 
two groups of some fifty officers and men on each 
of the ships working, perhaps 500 kilometers 
apart. 

The cost of operating the ships concerned in 
these surveying operations necessitates the most 
careful planning to waste no time. On the other 
hand, the saving made possible by Radio Acous- 
tic Ranging over other methods of surveying is so 
great that experiments appear entirely justifiable. 
In addition to the large economy in time and 
money, the increased accuracy of this method of 
hydrographic surveying makes possible detailed 
surveys far from shore which would be nearly 
useless by the old methods of dead reckoning. As 
the number of commercial ships equipped with 
echo sounding machines increases, the more 
necessary it beccmes to have charts with the 
precise locations of submarine valleys and 
mountains so that the navigator may readily 
determine his position by soundings when 
astronomical ‘‘fixes” are not available. 

To visualize the vastness and complexity of the 
experimental problem, imagine a subaqueous 
“laboratory,” having two sides and one end 
entirely open, the other end being a sloping wall, 
the floor usually irregular, the ceiling only being a 
plane surface for long waves. The medium, en- 
dowed with temperature, salinity and pressure, 
produces peculiar effects of refraction, reflection 
and diffraction, causing the velocity curve to be 
irregular. The experimenters may be from 10 to 
50 kilometers apart. Fortunately, some of the 
difficulties are minimized by the fact that the 
extreme range of velocity in sea water is only 
about 5 percent. 

It is desirable to call attention to the fact that 
Radio Acoustic Position Finding (RAR), as 
practiced by the U. S. Coast and Geodetic 
Survey, is giving entire satisfaction and the 
reader should not get the opinion from the reports 
of these tests that any serious difficulty is ex- 
perienced. Our desire is to improve a good 
method, the results of which are accurate to about 
one part in 500 to 1000, depending upon the area; 
these values are so much better than can be at- 
tained by any other method that modern surveys 
are far superior to those ten years ago when the 


surveying ship’s position was determined by dead 
reckoning. 

Early in the season of 1933, off the coast of 
Maryland, bomb signals were easily received 
through distances of 80 kilometers towards shore 
when fired out near the Gulf Stream. An easterly 
storm prevented further work for two weeks and 
when operations were resumed the _ possible 
workable distance of bombs was reduced by 
almost half. It is believed that the storm had 
carried warm water towards shore so that the 
temperature gradient was increased sufficiently 
to refract the sound to the bottom sooner, pre- 
venting the previous long distance bombing. It 
was then decided that the next summer’s work 
would be planned so that the surveying opera- 
tions far from shore should be undertaken early 
in the season so as to take advantage of the cool 
surface waters left by the winter. It was also 
decided that some purely experimental work 
should be done on the Atlantic Coast as well as 
what had already been planned for the Pacific 
Coast. 

The Division of Terrestrial Magnetism and 
Seismology of the U. S. Coast and Geodetic Sur- 
vey was consulted as to what might be an ad- 
vantageous attack on the experiment from the 
viewpoint of seismologists and their suggestion 
was to run velocity tests over a course about 30 
kilometers long, getting many determinations 
near the beginning of the line of tests and fewer 
as the distance increased. 

With this in view, there were outlined in con- 
siderable detail experiments to be made by the 
U.S. Coast and Geodetic Survey Ships Oceanog- 
rapher and Lydonia. The main features were for 
the Oceanographer to steam away from the 
Lydonia, measuring the distance by the taut wire 
method and to make about 20 determinations the 
first mile, 15 the second, 10 the third, fourth and 
fifth, with one each mile thereafter. One set of 
determinations was to be made in water 1000 
fathoms or more in depth over a fairly smooth 
bottom of uniform depth, and if time were avail- 
able, another set should be made while steaming 
from shoal to deep water, and a third set while 
steaming from deep to shoal water. Two sets of 
these measurements were made May 22 and 23, 
1934. The first was in deep water off the con- 
tinental shelf, for a distance of 32 kilometers, 
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averaging 2750 meters in depth and the second 
in 1460 meters at the start towards shore to a 
depth of 84 meters at the end of the test, a 
distance of about 24 kilometers. The positions of 
these experiments are shown in Fig. 1. In each 
case the Lydonia was stopped, free to drift with 
wind and current, with a hydrophone suspended 
from the stern, about 5 meters under water, and 
connected to an audio-amplifier, from which was 
actuated a thyratron to send a radio signal 
whenever the sound of a bomb reached the hydro- 
phone. The Oceanographer steamed past the 
Lydonia, passing over one end of a piano wire, 
which was made fast to the Lydonia, and with 
which distances were determined. This device, 
called a “‘taut wire measuring apparatus” is a 
British development and is now used very ad- 
vantageously on two of the U. S. Coast and 
Geodetic Survey ships. The wire is a steel piano 
wire, of which about 225 kilometers can be carried 
on a single drum. A rotating arm pays out the 
wire, which is measured as it passes around a 
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sheave which is usually calibrated by carefully 
measuring a given distance at sea over a shallow 
uniform bottom by visual shore fixes and at the 
same time observing the number of revolutions 
made by the sheave as the wire passes out for the 
same distance. 

On the first day the Oceanographer steamed 
southward at a speed of about 3.5 meters per 
second away from the Lydonia against the cur- 
rent of the Gulf Stream, and fired detonators, or 
No 8 blasting caps, at 30-second intervals for the 
first 24 bombs, and then fired quarter-pints of 
TNT for the rest of the test; 101 bombs in all, for 
a distance of about 38 kilometers. In many cases 
two bombs were dropped in quick succession. 

On the second day the Lydonia stopped in 1450 
meters and the Oceanographer steamed west- 
northwest with the same speed of about 3.5 
meters per second, measuring the distance as 
before with the taut wire. In this test the sound 
traveled from shoal to deep water. Blasting caps 
were fired for the first 69 bombs and quarter- 
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pints of TNT for the rest of a total of 95 for a 
distance of 30 kilometers. 

The revolution counter of the measuring 
sheave was recorded when the bomb was dropped 
and the time of travel of the sound was recorded 
by a two-pen chronograph on the Oceanographer, 
as previously described. An attempt was made to 
buoy up the piano wire with floats of wood so as 
to measure the horizontal distance. However, 
these floats were spaced about 800 meters apart 
and it is doubtful if they supported the wire so 
that the distances are considered only approxi- 
mate and no precise calculations of velocity were 
attempted, although from the slopes of curves of 
the plotted values it is easily seen that the ap- 
parent horizontal velocity is everything from 
zero to 1550 meters per second. Many of the 
chronograph tapes showed two and some had 
three return signals. The operators on the 
Lydonia noticed the double sounds and double 
radio signals and that in some cases the second 
sound was audible but not sufficiently strong to 
actuate the thyratron to send the return radio 
signal. These second sounds were not at first 
recognized as echoes and it was only after careful 
plotting of all points that it was fully realized 
that the first sound received was the direct sound 
and that the second was the sound after one 
reflection from the bottom. If the importance of 
these had been known during the test there un- 
doubtedly would have been shown on the tapes 
the radio signal sent by the reflected sounds at the 
beginning of the deep water tests. It is probable 
that the radio operator opened the circuit as soon 
as the first sound signal was received and the 
radio signal sent, so that no later signals could be 
sent which might cause confusion on the tape. 
This is standard practice in the regular hydro- 
graphic surveying by RAR methods. If there is 
any doubt about the audio signals, as occasionally 
happens when there is considerable water noise 
due to rough sea or other causes, several radio 
signals are allowed to be automatically sent, as 
the correct one can usually be identified when the 
tape is measured and the ship’s position plotted 
on the survey sheet. Not until the time interval 
reached 2.6 seconds do any of the echo effects 
appear on the tapes. Probably by that time and 
thereafter the radio operator felt that there might 
be some doubt as to the identity and so let both 


sounds send the return radio dash. The radio log 
kept by the operator indicates that both sounds 
were heard and the information was radioed to 
the Oceanographer, but at the time it was not 
suspected on the ship that these data in them- 
selves were to prove the theory of transmission by 
reflection. It is to be regretted that the test with 
sound traveling from deep toward shoal water 
was not run the next day and it is hoped that 
opportunity will be afforded to repeat the entire 
series at a future date when all preparations will 
be made to accept and record all data available 
so as to have a complete experimental picture of 
the transmission. 

In Fig. 2, the upper part shows approximately 
to scale the depth and distance involved in the 
deep water test. The temperature at the surface 
was about 15°C and at the bottom about 3° with 
theoretical velocities of about 1500 meters per 
second at both top and bottom, and a minimum 
velocity of 1480 meters per second at 550 meters 
depth. By theoretical velocities are meant values 
calculated from temperatures, pressures and 
salinities as given in the British Admiralty 
Tables.* As the sound travels from the Oceanog- 
rapher, O, to the Lydonia, L, part goes nearly 
straight along the surface, O-L, part is refracted 
downward, O-—M, because of the decreased ve- 
locity in the colder water and finally some goes to 
the bottom and is reflected along the path, 
O-B-L. An attempt is made to visualize the path 
taken by the sound from bomb No. 13, the first to 
show multiple returns, and No. 55, the last to 
show two returns. For the 13th, the reflected 
sound travels more than 5 times as far as the 
direct sound. By scaling the values and by pro- 
portion it appears that the indicated time for the 
reflected wave should be 3.26 seconds, while the 
tape value gives 3.66, the discrepancy being 
probably due to the higher velocity in the direct 
path along the surface. In the course of the sound 
of bomb No. 55, the path by reflection, is only 
about 23 percent longer than the direct path and 
the times are 6.79 scaled from tape and 6.75 
seconds from the graph. The better agreement for 
this bomb may be explained by the reflected 
course being not much greater than the direct 


* Tables of the velocity of Sound in Pure Water and Sea 
Water for use in Echo Sounding and Sound Ranging, 
Hydrographic Department, (British Admiralty). 
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path. It seems evident, therefore, that for condi- 
tions then existing, the sound from quarter pint- 
bombs of TNT could be received on a hydro- 
phone 5 meters under the surface at a distance of 
9 kilometers but no farther, with sufficient energy 
in the direct signal to operate a thyratron to send 
a radio signal. For different weather conditions, 
producing temperatures a few degrees lower or 
higher, there would probably be a few kilometers 
more or less in the distance. If the hydrophone 
had been at twice the depth, previous experience 
indicates that the distance attained would have 
been considerably greater, for the gain is quite 
rapid as the depth of submergence is increased to 
9 or 10 meters, after which there is not so much 
difference. The same is true for the depth of 
explosion of the bombs. If the acoustic receiving 
apparatus had been more sensitive to the bomb 
signal or if larger bombs had been used, greater 
distance would have been attained. 

While the energy in the direct wave decreases 
rapidly, because of refraction towards the 
bottom, the reflected wave suffers little loss of 
energy because the sounds from the 101st quarter 
pint-bomb of TNT were easily received at 38 
kilometers, and after the 98th bomb, the operator 
reported that a rumbling sound of a second or less 


duration followed the first sharp sound of the 
bomb, showing that there were also multiple 
echoes, as described in the writer’s previous 
article. Some of the scattered points above the 
curves of Fig. 2 may be due to multiple echoes 
but such will be discussed with the Pacific Coast 
experiments. 

If now the results of bomb signals traveling 
from shoal to deeper water, in Fig. 3, are ex- 
amined, there again appear two curves, but in 
this case it is the straight line which endures 
instead of the curve, or the so-called direct signal 
travels farther than the wave transmitted by 
reflection. Since any reflections now tend to 
merge into parallel rays, it is to be expected that 
only a few reflected waves would be recorded. 
However, more might have been recorded had 
they been anticipated. By this is meant that the 
bomb amplifier would have been left connected in 
the circuit longer if it had been anticipated that 
other useful signals would have been received. 

There is no doubt about reflections to a dis- 
tance of nearly ten kilometers and the profile 
shows that the water was still 220 meters deep 
and the sketch for single reflection transmission 
for the first and last reflections appears quite 
plausible. One might predict that if the sound 
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from the bombs had been traveling in the oppo- 
site direction, that the distance would have been 
less for that size bomb, since there can be no 
concentration by reflection when radiant energy 
travels towards a small cross section from a 
larger one because reflected energy soon turns 
back on itself, as shown in the insert in Fig. 3. 
While no attempt was made to get any accu- 
rate values of velocity of sound in sea water from 
those tests, as originally planned, sufficient data 
were obtained in two days to prove more readily 
the reflection theory than from information ac- 
cumulated in several years of regular routine 
surveying. The conclusions from the data are 
especially gratifying since they were unexpected 
and nobody had set out to prove anything. 
About six months previous to these tests, 
November, 1933, a series of carefully planned 
experiments were started on the Pacific Coast 
and continued again in January 1935. These 
experiments were by the U. S. Coast and Geodetic 
Survey Ships Pioneer and Guide, and the region 
chosen is shown by the chart of Fig. 4 and was 
selected for freedom from bottom currents just as 
would be the Sulu Sea, the Red and the Medi- 
terranean Seas, in all of which the connection to 
the adjacent ocean is at a comparatively shallow 


depth and the area enclosed has a bottom tem- 
perature about the same as the normal ocean 
temperature for the depth corresponding to the 
ocean’s entrance to the enclosed basin, a condi- 
tion very different from other parts of the ocean. 
The site selected has at its lower part a basin of 
water 900 meters deep, with a uniform tempera- 
ture of 4.2°C, and a nearly flat bottom extending 
for 48 kilometers. Observers stationed on Santa 
Barbara and San Nicholas Islands could get the 
position of the Guide with theodolites, and the 
position of the Pioneer could be similarly obtained 
from positions on Santa Cruz Island, the respec- 
tive locations of the observation points having 
been previously determined with great accuracy 
by triangulation from the mainland. 

Radio communication was maintained between 
the ships and all observing stations and when the 
bomb firing dash was automatically sent by the 
Guide, its position was noted, or rather the angles 
were noted from which the ship’s position could 
be accurately calculated. When the bomb signal 
was received through the water by the Pioneer's 
hydrophone, another radio signal was auto- 
matically transmitted by the Pioneer, so that the 
observers knew the exact instant to read their 
angles. These visual observations were made on 
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the smoke stacks of the ships and appropriate 
corrections made for the position of the exploding 
bomb and the receiving hydrophone, the ship’s 
heading being recorded for this purpose so that 
the horizontal distance of bomb signal travel 
could be accurately calculated and it is believed 


the distance errors were never greater than 
20 meters. 

The Guide was equipped to fire bombs elec- 
trically by a two-pole switch, one pole of which 
sent current through the bomb, and the other 
operated a radio transmitter. The measured time 















interval between closing the switch and the 
explosion was from 0.004 to 0.006 second. The 
usual depth of firing was 55 meters, but for deep 
water test they could be fired at any depth to 
1550 meters. Both ships used their regular 
chronographs to measure the time intervals. 

On the Pioneer, the equipment included hydro- 
phones to be used near the surface and at any 
depth down to 1550 meters; audio-amplifiers to 
raise the voltages generated in the hydrophones 
so that the bomb signal could operate either a 
chronograph, or an oscillograph, or it could send 
a radio signal; and any or all of these could be 
done at the same time. 

The oscillograph was a two-string galvanom- 
eter, recording on 35-mm photographic paper in 
hundred-foot rolls, operated by hand the first 
year and by motor the second year. Timing was 
done by a synchronous motor operated from a 
thermionic tube-driven, 60-cycle, tuning fork, 
which also operated a synchronous clock, so that 
calibration was easily made at any time. Time 
marks on the recording paper were 0.01 second 
apart, made by shadows of the spokes of a timing 
wheel, the tenth spoke being shorter so as to 
identify every 0.1 second. The paper speed 
ranged from 50 to 70 cm per second and the time 
intervals could be read to 0.001 second. Develop- 
ment on shipboard was not easy since no special 
apparatus had been devised for handling 100-foot 
rolls; consequently, photographs of the records 
do not reproduce well. Since no bombs were fired 
closer than about 15 kilometers the first year, no 
such curves can at present be shown for West 
Coast experiments, as were given for the East 
Coast tests. However, the records were all care- 
fully measured for the time of travel of the sound 
from the bomb to two hydrophones, connected 
through amplifiers to the two vibrators of the 
string galvanometer. One hydrophone, always 
hung 55 meters below the surface, called the shoal 
hydrophone, and a second, called the deep hydro- 
phone, was suspended at various depths of from 
365 to 1560 meters below the surface. Almost 
every oscillogram showed more than one time of 
arrival for both hydrophones and these were all 
measured from an arbitrary zero placed at the 
approximate time of travel of the first reflected 
ray path. The amplitudes of the waves were 
measured in millimeters and also the average 
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frequency and the time measured from the arbi- 
trary zero to the point where either the amplitude 
or frequency changed. 

Nearly all frequencies from 65 to 1500 appear 
in the records. It is believed, however, that the 
only safe conclusion about bomb frequencies in 
these records is that the characteristics of the 
hydrophones, amplifiers and vibrators of the 
oscillograph are entirely too predominant to 
determine anything about the frequency of the 
sound from the bomb explosion. From the slowly 
accumulating data during the last few years, it is 
believed that the effective frequency of bomb 
signals, if one can call it frequency, is surely less 
than 150 cycles per second, possibly less than 50 
cycles, and it may effectively be only a sudden 
change in pressure which produces the results 
sought. This belief comes from the increasingly 
numerous cases in which a capacitance is placed 
across the input transformer of the audio ampli- 
fier to reduce water noises by cutting out the 
higher frequencies. The bomb signals continue to 
actuate the return radio signal with equal facility. 

The records show many cases where the “‘pri- 
mary maximum’”’ of energy, referred to in the 
previous paper, was at a considerable time inter- 
val after the first maximum. In the shoal hydro- 
phone a count of the records, as reported, gave 60 
cases where the “primary maximum’”’ occurred 
after the first maximum amplitude against 48 
cases where the “primary maximum’”’ was the 
first maximum. 

In the deep hydrophone records, the ratio was 
even greater, the “primary maximum” occurring 
after the first maximum in 85 cases against 17, 
where the first was greater than any succeeding 
group. The amplitudes of the primary maxima 
were in many cases as much as 20 times as great 
as the first maximum, and the difference in time 
in several cases is as much as 0.4 second and a 
few are as high as 0.6 second. 

Many textbooks in seismology give general 
solutions for the problem of travel time for 
elastic waves in the earth. In the report from the 
Pioneer the problem was extended to a globe 
composed of a number of spherical shells with 
varying velocities and the special case of sea 
water was calculated from which the theoretical 
curves for times of arrivals of the paths of sound 
rays by different routes from source to hydro- 
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phone are given. The report concurs with 
Service’s theory as to what should be expected 
from the reflection method of transmission of 
subaqueous sounds and it might be said that 
having set out to prove a definite hypothesis, the 
conclusions are so evident that they cannot be 
doubted. The results of the Pacific experiments 
were still unknown when the Atlantic Coast tests 
were made, which still further enhances all the 
conclusions. Much time is required to work up 
such reports, especially when they entail extra 
duty to regular routine work. 

A cross section of the sea over which the ex- 
periments were conducted is shown in Fig. 5; 
temperatures, salinity in parts per thousand and 
velocities are shown in Fig. 6. In Fig. 7 are plotted 
as abscissae the times of arrival of the first signals 
received by single reflections from the bottom. It 
should be pointed out that the ships were too far 
apart during the tests of 1933 for the direct signal 
to be received through the warm surface layers. 
Using the arrival time of the first reflection as a 
starting point, the records show in general, three 
other groups of waves, and the differences of 
times of arrival of these groups from the first, are 
plotted as ordinates. The solid curves are the 
theoretical times of arrival of the rays, which 
have been reflected twice, thrice and four times 
from the bottom before reaching the shoal hydro- 
phone, the bombs being fired 55 meters below the 
surface. It should be noted that the returns from 
the first reflection cease at about 28 seconds, 
there being no points plotted on the X axis after 
that time. This indicates that for the conditions 
then existing no bomb signals could be heard be- 
yond the 28-second time interval by single re- 
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flection transmission. Signals were received, 
however, after two, three and four reflections, 
and these have been designated by squares at 
travel times of 28.9, 29.9 and 30.7 seconds. These 
points were extrapolated from the curve of two 
reflections, as were all the other points beyond 28 
seconds, and the broken line above the theoretical 
curve for two reflections was also extrapolated. 
Fig. 7 is taken from the Pioneer’s report, slightly 
modified by plotting the square points and chang- 
ing the nomenclature. Many of the points off the 
curves might have been omitted, but the time 
difference is plotted for every change in fre- 
quency or notable change in amplitude of the 
recorded wave. While ‘‘gunshot”’ in general ap- 
pearance, the points are sufficiently grouped 
along the theoretical curves of reflection paths so 
that there can be no doubt about the experi- 
mental verification of the reflection theory and it 
may be that these scattered points belong to 
another mode of transmission. 

The deep hydrophone was placed at different 
depths so as to compare the times of arrival of 
sound at the same horizontal distance but 
different strata of water. In Fig. 8 are plotted 
results when it was lowered to 1560 meters below 
the surface, only about 75 meters above the 
bottom. Three pairs of curves are drawn, which 
give the theoretical time differences between 
arrivals after one, two and three reflections, re- 
spectively, from the bottom and surface, while 
the upper of each group shows what would be the 
time difference for one more reflection from the 
bottom. Since the hydrophone was so near the 
bottom, there would be very little difference 
between the two and the plotted points fall into 
groups along the theoretical curves leaving no 
doubt about the correctness of the theory. 

The failure of the direct signal at about 10 
kilometers and the first reflection at about 40 
kilometers is accompanied by a region between 
the two in which the signal received, if any, is 
very weak, the effect resembling somewhat the 
skip distances found in radio transmission of 
higher frequencies. Furthermore, in other tests, it 
was found that when bomb signals were traveling 
from deep to shoal water, there was an actual 
skip distance where the distance was too great 
for the direct signal and because of the slope, the 
first reflected ray was turned back to the open 
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sea again. At greater distance the first reflection 
could pass over the shoal and reach the shore 
hydrophone but there was an actual zone of 
weakness 10 kilometers wide between the dis- 
tances 10 to 20 kilometers from the south shore of 
Santa Cruz Island, and a second such zone be- 
tween 41 and 50 kilometers. 

There is evidence of apparent high velocity 
near the source, due to the source of sound itself 
traveling with the displaced medium rather than 
an actual higher velocity. This is similar to the 
effect found by Professor D. C. Miller in air near 
the sound from large guns. There is also an 
apparent change of velocity of about 10 meters 
per second in the region where the first reflection 
fails and the second reflection is stronger. How- 
ever, when a bomb of given size was recorded no 
farther than 55 kilometers, a bomb twice the size 
could be recorded to a distance of 70 kilometers. 


A still larger one could not be recorded at 85 
kilometers but it may be that if the bomb were 
large enough or if the receiving apparatus were 
sufficiently sensitive a record would be made. 

The complete report of the experiments on the 
West Coast in January, 1935, has not yet been 
received. The conditions were kept, as nearly as 
possible, the same as they were in November, 
1933. Some of the conclusions are included in the 
present paper but they will be elaborated in a 
later article. 

Other evidence indicates a reversal of phase in 
the oscillograph records for bomb signals received 
at different distances showing that in one case the 
diaphragm of the magnetophone was forced 
inward by an increase in pressure, and in the 
other case forced outward by a decrease in ex- 
ternal pressure. If the apparatus can be ar- 
ranged so that the phase may be easily recorded 
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in routine surveying, it may aid in more accurate 
determination of the distance, since there would 
then be evidence if the last reflection were from 
the bottom or surface. 

Besides learning something definite about the 
path of sound, steps have been taken to learn 
more about the characteristics of the apparatus 
used in RAR. During the summer of 1935 some 
tests were made to see how much amplification 
could be used in an amplifier and receive the 
bomb signal without being disturbed by water 
noises. A three-stage impedance coupled amplifier 
with two-volt filament tubes was used to operate 
a small radio transmitter on receipt of the bomb 
signal. The characteristics of this amplifier are 
shown in Fig. 9, the upper curve being the full 
value of amplification, while the lower curve 
shows the frequency response with a capacitance 
of four microfarads across the input. In the latter 
condition the bomb signals were received just as 
effectively as before, although there was little 
amplification of frequencies above 1000 cycles. 
During this test the energy received was meas- 
ured at several distances and Fig. 10 shows the 
values of e.m.f. generated in an electrodynamic 
hydrophone, or magnetophone as it is often 
called. Distances are plotted as abscissae and 
e.m.f. generated across 10,000 ohms resistance 
as ordinates. These tests were roade through 
water about 20 meters deep. At 25 kilometers 
from the explosion of one quarter litre of TNT, 
the indicated energy received on a diaphragm 
of about 50 sq. cm effective area was about 
4.4X10- watt. The manufacturers of TNT 
state that one pint when exploded releases about 
1,320,000 foot pounds, and if the time is assumed 
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to be 0.001 second, the power would be 1.79 x 108 
kilowatts. 

Two tests made by the writer while connected 
with the Hammond Research Laboratory may 
well be reported in this paper. One was the de- 
crease in energy received by a hydrophone towed 
through water averaging about 10 meters in 
depth. The source of sound was a 540-cycle note 
from a Fessenden oscillator sent at regular 
intervals by a clock. The received sound was 
amplified in a three-stage tuned amplifier, which 
had been calibrated so that the e.m.f. generated 
in the magnetophone could be evaluated from the 
calibration curve. These voltages are plotted as 
ordinates and the distance in kilometers as 
abscissae in Fig. 10 with the bomb curve. The 
general shape of the two curves is quite similar. 

The second test was made by sounding two 
Fessenden oscillators side by side with their 
diaphragms in the same plane. With a magneto- 
phone and three-stage amplifier, last tube biased 
to cut-off, and a microammeter in the plate 
circuit, comparative readings were made when 
the diaphragms were vibrating in phase and 180° 
apart. The magnetophone was approximately on 
a line perpendicular to the oscillator faces, some 
1800 meters distant, with the intervening water 
about 15 meters deep. The average of 40 readings 
of the rectified current for one oscillator only was 
113 microamperes, for both, in phase 210 micro- 
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amperes, and for the two in opposite phase only 
11 microamperes. The respective power con- 
sumption in the oscillators was 3.0 kw, 3.63 kw, 
and 3.8 kw. The directive effect of the combina- 
ticn when aiding was very considerable in the line 
perpendicular to their diaphragms but at an 
angle of 10 or 15 degrees from the normal, the 
averages of ten readings were 148 microamperes 
for one only, 164 for both aiding and 159 both 
opposing. These values are so similar that evi- 
dently there was no advantage in using more 
than one oscillator. The failure of one of the 
oscillators prevented determining more definitely 
the directive angle or to define the diffraction 
pattern but this is believed to have been one of 
the earliest attempts to show the directive effect 
of two similar sound sources. It is now known 
that three oscillators in a line produce a much 
narrower angle of transmission. 

The two oscillators may give some reason for 
results recently noted by different workers in 
RAR, on the effectiveness of bombs differently 
constructed. It has been found, rather con- 


sistently, that if a pint can is only half filled with 
TNT and the rest of the space packed with sand, 
the explosion seems just as effective, or even 
more so, than when the can is filled with TNT 
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only. If only part of the TNT is detonated in the 
latter case, as has been thought possible, why 
should not the small portion make as much 
noise as when the sand is present? The speed of 
detonation in TNT is very high, perhaps as 
much as 5000 or 6000 meters per second, so that 
no phase difference in the explosion can be ex- 
pected, but if the particles of TNT themselves 
are scattered with a velocity comparable to the 
velocity of detonation, it might be possible to 
have the equivalent of a second explosion follow- 
ing the first at such an interval that the pressure 
again increases when it should be approaching 
the rarefaction stage. If this is so, it would 
readily explain the above effect. 

In conclusion, it is evident that the first as- 
sumption of the previous paper was erroneous 
and that sound is transmitted to a distant point 
through water by multiple reflection. The as- 
sumption, that the acoustical impedance of 
warm water is greater than cold has not been 
disproved and work in the warm water of the 
Gulf of Mexico tends to confirm the assumption. 
Perhaps some definite information may be ob- 
tained before the writer’s next paper, either at 
sea or in the laboratory. Other conclusions may 
stand at present, subject to modification later on. 
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The Calibration of Microphones 


SUBCOMMITTEE ON FUNDAMENTAL SOUND MEASUREMENTS 


(Received December 20, 1935) 


The American Standards Association Sectional Committee Z-24 on Acoustical Measurement 
and Terminology has under it a Subcommittee on Fundamental Sound Measurements. The 
Subcommittee during the past few years has been considering definitions and test procedure 
pertaining to the calibration of microphones. The following report is the result of its work. At 
a recent meeting of the Sectional Committee it was voted to submit this work to the interested 
scientific bodies for publication in their journals with the thought of promoting constructive 
criticism and discussion. The Subcommittee made use of considerable material from the 
tentative report of the I.R.E. Standards Committee on Electro-Acoustic Devices, and this is 


gratefully acknowledged. 


I. MICROPHONES 


A. General 


The performance of a microphone, in general, 
depends on a number of quantities, some of 
which are not yet amenable to either accurate 
specification or physical measurements. For 
noncarbon microphones the more important 
criteria are: 


1. Single frequency response. 
2. Nonlinearity. 
3. Directional characteristics. 


Some of the others are: phase distortion’ 
dependence on atmospheric conditions, stability’ 
noisiness. Carbon microphones in addition to the 
above also exhibit certain characteristics which 
are peculiar to granular contacts alone, such as 
“carbon noise,” “breathing” ‘“‘packing,”’ etc. 

The following material is chiefly concerned 
with noncarbon microphones. The characteristic 
best admitting of definition and measurement is 
the single frequency response. This is the ratio of 
electric output to acoustic input plotted as a 
function of frequency. For any actual instrument 
this ratio is not entirely independent of the 
absolute value of the acoustic input. Any 
particular frequency response curve should, there- 
fore, be regarded as applicable only for inputs 
within a certain range of magnitudes. 

In addition to causing departures from con- 
stancy in the output-input ratio, the nonlinearity 
of an instrument produces extraneous frequencies 
in the output. For a single frequency input, a 
simple measure of nonlinearity is the harmonic 
content of the output. 


The quantity “acoustic input”’ can be specified 
in more than one way. Most microphones (‘“‘pres- 
sure microphones’’) are so constructed that their 
operation depends primarily on the variations in 
pressure on the front surface of the diaphragm, 
the other side of the diaphragm being effectively 
shielded from the sound waves. There is, how- 
ever, an important class of microphones in which 
both sides of the diaphragm are freely exposed, 
and which are actuated by the pressure gradient 
in the direction normal to the diaphragm. Since 
in the case of the unobstructed waves, pressure 
gradient is proportional to particle velocity, 
microphones of the last-mentioned class are 
sometimes referred to as “‘velocity microphones.” 
Although it might appear logical to specify the 
response of sensitivity of a velocity microphone 
in terms of velocity or pressure gradient rather 
than pressure, it is desirable to use the same 
acoustic units for all microphones in order that 
performances may be comparable. The unit 
chosen is that of pressure, and use is made of the 
practically constant ratio of sound pressure to air 
particle velocity in the case of plane progressive 
waves. 

For a microphone used in such applications as 
broadcasting, recording, public address systems, 
etc., the quantity of chief practical interests is the 
ratio of the microphone output to the sound 
pressure at the microphone position, as it would 
be if the microphone were not there. This pres- 
sure is chosen as a measure of the ‘‘acoustic 
input” in what is known as the ‘‘field calibration” 
of a microphone. The distortion of the sound field 
caused by the microphone itself is thus charged to 
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the response characteristic of the instrument. 
The “‘field response’’ definition given below refers 
to a microphone placed in a plane progressive 
wave, as a specification which is simplest and 
freest from ambiguity. Microphone response 
under other conditions may be of interest, such 
as for close talking, and where such specific 
calibrations are made the conditions of measure- 
ment should be stated. 

From the standpoint of microphone design, 
and in connection with some sound measuring 
and testing apparatus, an important quantity is 
the ratio of microphone output to the pressure 
actually driving the diaphragm. This pressure is 
taken as a measure of the acoustic input in the 
“pressure calibration”’ of a microphone. 

The measurement of “electric output’’ is 
inherently simpler than that of ‘acoustic input”’ 
since we have only lumped impedances to deal 
with in the electric case. In order to separate the 
performance of the microphone from that of the 
associated amplifier or other circuit, the use of 
the open-circuit e.m.f. is to be preferred. But in 
order to obtain a practically significant measure 
of the output as it affects the associated circuit 
actually used with the microphone, it is essential 
to know the internal impedance of the instrument. 

Since the direction of the incident sound affects 
various microphones differently, it is necessary 
in any field calibration to specify the orientation 
of the microphone with respect to the source. 


B. Field response 


The response of a microphone at a given 
frequency is given by the ratio E/p where E is 
the open circuit voltage generated by the micro- 
phone and p is the sound pressure in dynes/cm at 
the specified frequency, as measured in a pro- 
gressive plane sound wave prior to the intro- 
duction of the microphone, the microphone being 
placed at a specified angle with respect to the 
wavefront. The value of E/p has no practical 
significance unless accompanied by a statement 
of the internal impedance of the instrument. 


C. Pressure response 


This is the same as the above except that p is 
the uniform sound pressure in dynes/cm* on the 
microphone diaphragm at the specified frequency. 


In both cases the response may be expressed 
by the value of E/p or may be expressed in 
decibels relative to the arbitrary reference con- 
dition of one volt per dyne/cm?. Thus, the 
response in decibels is 


20 logio E ‘p. 


D. Nonlinearity 


The simplest measure of this quantity, al- 
though it is not one on which general agreement 
has been arrived at, is the following: 


(E+E; ++ +£,?)'/E,. 


In this fraction E; is the fundamental frequency 
e.m.f. and E2, E3---E, are the corresponding 
e.m.f.’s of the several harmonics generated. The 
utility of this measure is largely in the statement 
of limits which it makes possible. Thus, for a 
given microphone it might be possible to state 
that for all values of fundamental frequency 
output which are less than F, the harmonic 
content ratio does not exceed a certain number of 
percent. This ratio, in general, is a function of 
the fundamental frequency. Furthermore, a 
knowledge of the harmonic content for all 
fundamental frequencies is not always sufficient 
to determine the amount of extraneous fre- 
quencies generated when the acoustic input 
includes two or more frequencies. 


E. Directional characteristics 


Usually the field response defined above refers 
to that microphone orientation in which the 
diaphragm is parallel to the wavefront and faces 
the source. For any other angle of incidence, the 
field response in general will be different. In 
addition to the above for ‘‘normal”’ incidence, a 
useful index is that for ‘‘random’”’ incidence. 
This may be defined as follows: 


Efficiency (Random) 1 41 


Efficiency (Normal) 411 J, 





f?(Q) -dQ. 


The quantity f(@) is the ratio of the voltage 
output for incidence at the angle Q to that for 
normal incidence. Expressed in db: 


E.R. 1 41 
4Il J, 


os . 
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II. CALIBRATION OF MICROPHONES 


A. Electromotive force generated by a micro- 
phone 


Its value may be obtained as follows: Under 
the influence of sound of a certain frequency a 
certain electrical output is obtained from the 
microphone, either directly or through an ampli- 
fier; if now the sound is switched off and a 
voltage of the same frequency applied in series 
with the microphone and adjusted to give the 
same output, the magnitude of this voltage is the 
open circuit e.m.f. produced by the sound. The 
impedance employed to introduce the voltage in 
series with the microphone must be so low that 
iis presence, as a passive impedance, does not 
materially alter the microphone output. 


B. Applied pressure due to sound 


The applied pressure may be quoted in terms 
of either the pressure in the progressive plane 
wave (field response) or the uniform pressure 
effective on the diaphragm (pressure response). 
Several factors can operate to cause difference 
between the actual effective pressure on the 
diaphragm and the corresponding undisturbed 
field, for example: 


(1) When a microphone is exposed to sound 
waves of low frequencies (wave-length large 
compared with the size of microphone) the 
pressure on the microphone is substantially equal 
to the undisturbed field pressure. At high fre- 
quencies, however, diffraction takes place at the 
face of the microphone. The ratio of the pressure 
at the diaphragm to that in the free wave 
becomes a function of the wave-length and of the 
angle of incidence.!: ?> 3 

(2) When there is concavity at the face of the 
microphone, the diaphragm being recessed or 
fitted with a mouthpiece, the pressure on the 
diaphragm may, at certain frequencies, be still 
further increased, since in effect an acoustical 
resonator is formed.** 

1 Stuart Ballantine, Phys. Rev. 32, 988 (1928). 

2 W. West, J. I.E.E. (London) 67, 1137 (1929). 

3L. J. Sivian, Bell Sys. Tech. J. 10, 96 (1931). 

4Stuart Ballantine, Proc. I.R.E. 18, 1206 (1930). 

5 W. West, J. I.E.E. (London) 68, 441 (1930). 

6 A. J. Aldrich, Post Office Electrical Engineers’ Journal, 
(London) 21, 223 (1928). 

7D. A. Oliver, J. Sci. Inst. 7, 113 (1930). 


8W. West, Post Office Electrical Engineers’ Journal, 
(London) 24, 27 (1931). 
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SOUND MEASUREMENTS 

When a microphone is used in a room for 
transmitting or recording sound the exact con- 
ditions of use are indeterminate since the room 
itself forms a link in the transmission chain. 
Assuming that the microphone is facing the 
source of sound, the sound at the microphone 
may be divided into two components, namely the 
initial progressive wave and the sound due to 
reflections. The field calibration is accurately 
applicable only to the former for which direction 
of propagation is known. The applicability of the 
free wave calibration under these circumstances 
depends therefore on the relative magnitudes of 
the initial progressive wave and the resultant of 
the reflected waves; the accuracy decreases as 
the microphone is moved farther from the source 
or as the reverberation of the room is increased. 

When a microphone is used as a telephone 
transmitter, the speaking distance being very 
small, the exact conditions of use are also difficult 
to specify. (The velocity component of the sound 
wave is larger in proportion to the pressure 
component close to a small source of sound than 
at a greater distance, and a greater conversion 
of kinetic to potential energy is to be expected.) 
There appears to be no information available at 
present as to the inaccuracy involved in the use 
of the free wave calibration for the close speaking 
condition. 

The most important criteria of the performance 
of a microphone are the response in relation to 
frequency and the response in relation to the 
amplitude of the applied pressure. For a carbon 
microphone there are other important criteria, 
for example the response in relation to the noise 
generated by the microphone and_ response 
variations liable due to packing. 


C. Objective measurements: Direct calibrations 


There are three methods in common use at this 
time to obtain primary calibrations. These may 
be designated broadly as (1) the thermophone, 
(2) the electrostatic actuator, and (3) the 
Rayleigh disk methods. In general, these do not 
yield the same calibration and not all of these 
methods are universally applicable to all types of 
microphones. Methods (1) and (2) apply to 
pressure calibration and for field calibration 
method (3) alone is applicable although this 
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method applies to pressure measurements as well. 
Only method (3) is applied to microphones of the 
ribbon type. 


1. The thermophone 


The thermophone as developed by E. C. 
Wente®: '°: "! for microphone calibration usually 
consists of one or more strips of very thin gold 
leaf, mounted on a plate. This plate fits closely 
over the front of the microphone in such a 
manner that the air chamber in front of the 
diaphragm is small. This enclosure is generally 
filled with pure dry hydrogen at a steady pressure 
which is approximately atmospheric. The use of 
hydrogen permits a more nearly uniform distri- 
bution of pressure over the diaphragm even at 
high frequencies than would be the case if air 
were used. 

In the usual method, the thermophone strip 
carries a known steady current upon which a 
sinusoidal alternating current is superimposed. 
In this case, the alternating pressure in the 
chamber occurs primarily at the frequency of the 
alternating current if the a.c. component is small 
compared to the direct component. The absolute 
measurement of the a.c. component may be 
elimiated by the use of an atenuator circuit 
which also serves to calibrate the amplifier 
voltmeter associated with the microphone by 
introducing a calibrating voltage in series with 
the microphone.” 

To prevent the accumulation of any air 
leaking back into the enclosure a continuous 
circulation of the hydrogen is maintained, and 
by the use of equal pressure and exhaust heads, 
the steady pressure in the enclosure is kept equal 
to atmospheric pressure, a necessary precaution 
when calibrating condenser transmitters. Capil- 
lary tubes are used for the supply and exhaust 
ducts to reduce leakage of sound by these paths. 

The thermophone method is not restricted to 
the calibration of condenser microphones. It may 
be used with a diaphragm of any shape which is 





9 E. C. Wente, Phys. Rev. 19, 333 (1922). 

10H. D. Arnold and I. B. Crandall, Phys. Rev. 10, 22 
(1917). 

1 Harvey Fletcher, Speech and Hearing, Appendix A. 
(D. Van Nostrand, Inc.). 

12. J. Sivian, Electrical Communication 3, 114 (1924). 
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not too large, relative to the shortest sound wave- 
length (in hydrogen) to be employed. It is 
required that the acoustic impedance of the 
microphone be known except when this im- 
pedance is large compared with that of the 
enclosure. The computations are considerably 
simplified when the latter is the case. 

Wente’s paper® gives the pressure generated 
by a thermophone in an enclosure with rigid walls 
which are heat insulators on the assumption that 
the alternating component of the temperature of 
the thermophone is uniform. It also gives a 
correction factor for the conduction of heat by 
the clamps supporting the thermal strips. Wente’s 
solution includes the effect of heat radiation from 
the thermophone strips. Additional correction 
factors are required to allow for: (a) heat 
conduction by the walls of the enclosure, (b) me- 
chanical yielding of the microphone diaphragm, 
and (c) leakage of sound through the capillary 
ducts. Factors (a) and (b) are discussed in 
papers by Sivian* and Ballantine.'* The latter 
reference also gives a correction for the capillary 
ducts. Ballantine’s paper discusses in detail many 
of the features of the thermophone method and 
gives numerical data including a list of some of 
the most authoritative values of the physical 
constants required in the computations. 


2. The electrostatic actuator 


The following methods are primarily appli- 
cable to condenser microphones in which a 
substantially uniform electric force can be 
applied by means of a plane electrode parallel to 
the diaphragm. 


a. Self-actuator 


i. Sound pressure compensated by electric 
force applied to diaphragm. In this case the 
microphone is made to act as its own electro- 
static actuator. The original publication of this 
method was given by Gerlach.'* An electro- 
acoustic device is required whose diaphragm 
motion can be detected by acoustic or electro- 
acoustic means, and which at the same time can 
have applied to its diaphragm an electrically 


13 Stuart Ballantine, J. Acous. Soc. Am. 3, 319 (1932). 
144 Erwin Gerlach, Wiss. Veroff. Siemens-Konzern 3, 139 
(1923). 
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produced force which is capable of calculation or 
measurement. The distribution of the electrical 
force over the diaphragm must be substantially 
like that of the acoustic pressure due to the 
applied sound. 

The device is subjected to a sustained sound 
which causes the diaphragm to vibrate. If now 
the alternating force is applied at the same 
frequency and adjusted correctly in phase and 
magnitude, the diaphragm can be brought to 
rest. It is then only necessary to ascertain the 
magnitude of the electrically applied force in 
order to evaluate the magnitude of the force due 
to sound. A variation of this method is described 
by Hartmann.'® The balance between acoustic 
and electric forces is judged by absence of 
variation in the microphone capacity. This is 
done by making the microphone a part of the 
high frequency modulation circuit similar to the 
one described in connection with the following 
method. 


ii. Microphone capacity variation meas- 
ured in a frequency modulated circuit. The 
calibration is made in the absence of sound by 
observing the microphone output due to vibra- 
tion of the diaphragm when it is actuated by the 
electric force. The method is described by 
Grutzmacher and Meyer." 

In this method the condenser microphone is 
used simultaneously in two circuits: (1) its 
normal polarizing circuit, and (2) the capacity 
between the electrodes of the microphone is made 
part of a high frequency oscillation circuit. There 
is inserted in the polarizing circuit an alternating 
voltage which causes the diaphragm to vibrate at 
audiofrequencies. The resultant capacity vari- 
ation of the microphone is used to produce 
frequency modulation (which is measured by 
suitable means) of the high frequency circuit. It 
remains to determine the factor of proportionality 
between the voltage applied in the polarizing 
circuit and the force which it exerts on the 
diaphragm. This is done by observing the voltage 
required to produce a capacity change equal and 
opposite to that produced by a known static air 
pressure. 


1 C, A. Hartmann, Zeits. f. tech. Physik 10, 553 (1929). 
16 Martin Grutzmacher and E. Meyer, Elek. Nach. Tech. 
4, 203 (1927). 
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iii. Auxiliary electrode. This method is 
described by Sivian,* Grutzmacher and Just!” 
and Ballantine.'* The electric force is applied by 
means of an auxiliary electrode in front of the 
diaphragm thus eliminating the necessity of 
using the frequency modulated circuit. This also 
permits a practically uniform distribution of 
electric force over the diaphragm area which is 
not possible with the usual shape of the back 
electrode of the microphone in the self actuator. 
The magnitude of the electric force is readily 
computed from the known separation between 
the diaphragm and auxiliary electrode. The 
latter is perforated in such a manner that it does 
not appreciably alter the impedance opposing the 
motion of the diaphragm when the latter 
vibrates in free air. 

An alternative procedure is to obtain the 
relative frequency characteristics with the above 
method and then to make an absolute calibration 
at a single convenient low frequency by the 
pistonphone method.?® 


3. Rayleigh disk 


In order to use a Rayleigh disk for calibrating a 
microphone it is necessary to expose both 
instruments in a sound field of such simple 
character that the relation between velocity and 
pressure is known.’ 


a. Stationary wave pressure calibration 


The diaphragm of the microphone closes one 
end of the tube in which a plane stationary wave 
is maintained by a suitable source. A Rayleigh 
disk, suspended into the tube at a distance which 
is an odd number of quarter wave-lengths from 
the diaphragm measures the velocity V. The 
magnitude of the pressure on the diaphragm is 
then pc V regardless of the diaphragm impedance. 
When the diaphragm impedance per unit area is 
large compared with pc, as is the case for con- 
denser microphones, the point at which V is 
measured is also a point of maximum velocity in 
the stationary wave. In the above, p is the 
density of air and c is the velocity of sound in air. 


17 Martin Grutzmacher and P. Just, Elec. Nach. Tech. 
8, 104 (1931). 

18 Walter Koenig, Ann. d. Physik und Chemie 43, 43 
(1891). 

19 E, J. Barnes and W. West, J. 1.E.E. (London) 65, 871 
(1927). 
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b. Field calibration by Rayleigh disk®®: *! 


Practically it is convenient to work with a 
progressive spherical sound wave in which the 
ratio between the pressure and velocity is known. 
The chief difficulty in applying this method is 
that of obtaining the spherical wave. Two 
requirements must be satisfied: reflection of 
sound other than that caused by the microphone 
under test must be practically eliminated, and 
(in the absence of a spherical source) the source 
of sound must be small as compared with the 
wave-length. The first condition is met over a 
restricted frequency range by the use of a 
testing cabinet with heavily absorbing walls. 

Some error may occur due to sound reflected 
from the microphone if this is not small. The 
accuracy of measurement can be improved by 
taking a mean of results from different locations 
of the microphone in the cabinet. Alternatively, a 
larger cabinet would permit greater distance 
between the microphone and the source and disk. 

This calibration is a field calibration. That the 
free wave calibration can be made by a Rayleigh 
disk is due to the fact that the disk itself offers no 
appreciable obstruction to the sound wave, i.e., 
it is effectively small at all frequencies used. The 
use of a spherical wave is not essential, but in 
view of the difficulty of obtaining a plane wave in 
free air, spherical radiation provides the simplest 
progressive wave that can be readily obtained in 
practice. 

c. Rayleigh disk used as torsional pendulum 

This method is described by Sivian.” Its 
principal purpose is to increase the signal-noise 
ratio; i.e., to increase the ratio of the disk 
deflection caused by the sound measured to its 
erratic deflections caused by spurious air currents. 
The desired discrimination is affected by reading 


the amplitude of oscillation of the disk vibrating 


20 E, Mallett and G. F. Dutton, J. 
502 (1925). 

21 B. S. Cohen, A. J. Aldridge and W. West, J. I.E.E. 
(London) 64, 1023 (1926). 

22 L. J. Sivian, Phil. Mag. 5, 615 (1928). 
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asa torsional pendulum at its resonant frequency. 
The oscillatory torque is produced by using a 
sound field whose amplitude is modulated with a 
frequency equal to that of the disk, which may be 
of the order of 0.4 cycle per second. The 
modulated sound field is obtained by: (a) feeding 
the sound source through a motor driven 
potentiometer which varies the current sinu- 
soidally at the required rate (e.g., 0.4 cycle per 
second), or (b) feeding the sound source from two 
oscillators whose frequencies differ by the natural 
frequency of the disk (e.g., 0.4 cycle per second). 


d. Objective measurements: Indirect calibrations 


A high quality microphone, having been 
calibrated, may be used as a standard of com- 
parison for calibrating other microphones. The 
acoustical conditions required for the test are 
essentially the same as those for measuring the 
free wave pressure at a point due to radiation by 
a loudspeaker; this measurement may comprise 
the preliminary step towards the indirect cali- 
bration of a microphone, the final steps being 
taken by replacing the calibrated microphone by 
the one under test and repeating the measure- 
ment. If the sizes or shapes of the two micro- 
phones are dissimilar, it is desirable that the test 
be made with the microphone at such distance 
from the source of sound that sound reflected 
from the former should not appreciably affect the 
radiation efficiency of the latter. Measurements 
of this kind have been described, for example, in 
the publications of Cohen, Aldridge and West,”! 
and by Grutzmacher and Just.” 
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Acoustical Society News 


HE next meeting of the Acoustical Society will be 
held in Chicago, May 4-5, at the La Salle Hotel. The 
chairman of the Program Committee is Mr. Wallace 
Waterfall, 919 N. Michigan Avenue, Chicago, to whom 
papers may be sent for the meeting. Among other subjects 
will be a semi-technical symposium on noise abatement. 
Further details of the meeting will be set forth in a notice 
to be sent to members about April 1. The fall meeting of 


the Society will be held in New York City, October 28-31, 
in cooperation with other societies of the American Insti- 
tute of Physics. 
DEATHS 

Notice has been received of the death of Hiram Percy 
Maxim on February 17.-He was a distinguished engineer, 
and invented the Maxim Silencer, a sound muffler for 
building ventilators, etc. He was 67 years old. 


Book Reviews 


Anecdotal History of the Science of Sound. Dayton 
CLARENCE MILLER. Pp. 114, Plates 15. The Macmillan 
Company, New York, 1935. Price $2.50. 

This book grew out of an address, Anecdotal History of 
the Science of Sound, with Some Personal Reminiscences, 
which Professor Miller gave as his presidential address 
before the Acoustical Society in 1932. The material col- 
lected for the address was too voluminous for a paper, so 
it was expanded and published in book form. In addition 
to the personal reminiscences in connection with acoustic 
investigators, Professor Miller has drawn extracts from 
historical accounts of earlier devotees of the science of 
sound. 

For persons who have the erroneous opinion that all 
important science has developed in the past fifty years, it 
is a surprise to find that the art of music was appreciated 
and highly developed by the Chinese, Japanese and Hindus 
as early as six thousand years ago. Through the succeeding 
centuries, the subject of sound attracted the attention of 
many people, with the development of definite information 
concerning the vibration of strings, the velocity of sound, 
the action of hearing, etc. Professor Miller found that 
existing histories of science were surprisingly meager in 
their treatment of sound. 

There are seven chapters in the book, with an extensive 
bibliography and index, and fifteen photographic repro- 
ductions of material showing the development of sound. 
The following quotation is one of the interesting excerpts 
appearing in the book from Galileo’s Dialogues: 


‘““Waves are produced by the vibrations of a sonorous 
body, which spread through the air, bringing to the tym- 
panum of the ear a stimulus which the mind interprets as 
sound. . . . If two spinets are strung, one with gold wire 
and the other with brass, and if the corresponding strings 
each have the same length, diameter, and tension it follows 
that the instrument strung with gold will have a pitch 
about one-fifth lower than the other because gold has a 
density almost twice that of brass. And here it is to be 
noted that it is the weight rather than the size of a moving 
body which offers resistance to change of motion contrary 
to what one might at first glance think. . . . This fact 


established, we may possibly explain why certain pairs of 
notes, differing in pitch produce a pleasing sensation, 
others a less pleasant effect, and still others a disagreeable 
sensation. Such an explanation would be tantamount to an 
explanation of the more or less perfect consonances and of 
dissonances. The unpleasant sensation produced by the 
latter arises, I think, from the discordant vibrations of two 
different tones, which strike the ear out of time... . 
Agreeable consonances are pairs of tones which strike the 
ear with a certain regularity; this regularity consists in the 
fact that the pulses delivered by the two tones, in the same 
interval of time, shall be commensurable in number, so as 
not to keep the ear drum in perpetual torment, bending in 
two different directions in order to yield to the ever- 
discordant impulses. . . .”’ 


Professor Miller’s fundamental experiments with musical 
instruments, together with his wide acquaintance with 
acoustical phenomena and his personal interest in the 
subject, allowed him to write a discriminating account in 
an interesting manner. The book is valuable for all in- 
vestigators in acoustics, particularly the younger members 
for whom Piofessor Miller writes, ‘‘They might find easily 
available information as to the important events in the 
history of sound.” 

F,. R. WATSON 
+ 


Communication Networks. Ernst A. GuILLEMIN. Vol. I. 
The Classical Theory of Lumped Constant Networks, 
1931, Pp. 425, Price $5.00. Vol. II. The Classical Theory 
of Long Lines, Filters and Related Networks, 1935, Pp. 
587, Price $7.50. John Wiley & Sons, Inc., New York. 
Volume I of this work has been in use for several years 

and, covering general network theory with clarity and 

freshness of view, has won for itself esteem as a reference 
book among workers in its field. 

Volume II, which deals with ‘‘long lines, filters, and 
related networks” appears during a transition period in 
which important developments in network theory are 
taking place. The author commendably attempts to incor- 
porate to the fullest the new material. However, there are 
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times when he allows his discussion of mathematical 
methods to run ahead of experimental practice and it is 
the opinion of the reviewer they should always go hand 
in hand. 

The developments of the past twenty years in network 
theory have been paralleled by, and dependent upon, 
equally remarkable developments in (1) the technique of 
vacuum tube measurement methods and (2) the technique 
of physical construction of network elements. The ability 
to segregate for examination small portions of a network 
is paramount in the opening of new experimental fields. 
Thus, the advantages of ‘‘building-block” methods are 
important in new fields and like society, design methods 
may be allowed to grow complex only as the frontiers 
recede. It is for this reason that the .reviewer appraises 
more highly than the author appears to do the importance 
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of ladder structure design methods and their inherent 
appreciation of what is physically valuable. 

The above criticism is warranted only by the importance 
of the book. Dr. Guillemin has achieved, by what must 
have been most arduous efforts, a greatly needed summary 
of developments in a complex and important field. The 
book will be valuable to the practician, not as a design 
handbook, but as a compendium of source material. 

T. E. SHEA 
Books RECEIVED 

Atomic Physics. MAx Born. Translated by John 
Dougal. Pp. 352. G. E. Stechert, New York, 1936. Price 
$4.75. 

The German edition that appeared in 1933 has been 
brought thoroughly up to date in this translation. 
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